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(57) Abstract 




A stereo enhancement 
system (300) which provides 
an enhanced wider stereo im- 
age and a wider listening 
area, and further provides 
perspective correction for 
actiieving correct stereo 
sound perspective with speak- 
ers at different locations and 
with headphones. The stereo 
enhancement system includes 
a stereo image enhancement 
system (100, 10. 110) whidi 
includes circuitry (11, 13, 111. 
113) for generating sum and 
difference signals based on 
left and right stereo signals, 
circuitry (17, 18, 19, 22, 30, 

1 15, 125, 129, 40) for selectively altering the relative amplitudes of the difference signal components, circuitry (17, 21, 30, 
117, 127, 40) for selectively altering the relative amplitudes of the sum signal components, and circuitry (23, 25, 27, 119, 
121, 123) for combining the processed sum and difference signals with the original left and right stereo signals to produce 
enhanced left and right stereo signals. The enhancement system further includes a perspective correction system (200, 210) 
which is responsive to the enhanced left and right signals provided by the stereo image enhancement system or to left and 
right stereo signals of an audio system. The perspective correction system includes circuitry (21 1, 213) for uncrating sum 
and difference signals from the left and right stereo signals, equalization circuitry (215, 217, 221, 223) for providing fixed 
equalization for the sum and difference signals to compensate for the variation with direcdon of the frequency r^ponse of 
the human ear, and mixing circuitry (225) for combining the equalized sum and difference signals to produce left and right 
signals. 
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STEREO ENHANCEMENT SYSTEM 



1 This application is a continuation-in-part of my application for STEREO 

ENHANCEMENT SYSTEM filed March 27, 1986, Serial No. 844,929. 

BACKGROUND OF THE INVENTION 
The disclosed invention generally relates to an enhancement system for 

5 stereo sound reproduction systems, and is particularly directed to a stereo 
enhancement system which broadens the stereo sound im^e, provides for an 
increased stereo listening area, and provides for perspective correction for 
the use of speakers or headphones. 

As is well known, a stereo sound rei^oduction system attempte to 

10 produce a sound image wherein the r^oduced sounds are perceived as 
emanating from different locations,thereby simulating the experience of a 
live performance. The aural illusion of a stereo soimd image is generally 
perceived as being between the ^eakers, and the width of the stereo image 
depends to a large extent on the similaril^ or dissimilarity between the 

15 information respectively provided to the left and right speakers. If the 
information provided to each speaker is the same, then tile sound image will 
be centered between the ^eak^ at "center stage." fii contrast, if the 
information provided to each weaker is different, then the extent of the 
sound image wiU ^read between the two ^eakers. 

While the general conc^t of stereo sound imaging is not complex, its 
use and implementation is more difficult. The width of the stereo sound 
image depends not only on the information provided to the speakers, but also 
on listener position. Ideally, the listener is equidistant from the speakers. 
With many weaker systems, as the listener gets closer to one speaker, the 

25 sound from the more distant weaker contributes less to the stereo image, and 
the sound is quickly perceived as emanatii^ only from the closer speaker. 
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1 This is particularly so when the information in each speaker is not very 
different. However, even with the listener equidistant from the speakers, the 
perceived sound image is generally between the physical locations of the 
makers and does not extend beyond the region between the speakers. 

5 Some known speaker systems have been designed to reduce the limita- 

tion that a listener should ideally be located equidistant between speakers. 
However, such spesdcer systems are generally complex and the resulting 
stereo image is still limited to the region between the physical locations of 
the ^eedcers. 

10 Another consideration in stereo sound reproduction is the fact that the 

sound transducers (typically speakers or headphones) are located at predeter- 
mined locations, and therefore provide sound emanating from such predeter- 
mined locations. However, in a live performance, the perceived sound may 
emanate from many directions as a result of the acoustics of the structure 

15 where the performance takes place. The human ears and brain cooperate to 
determine direction on the basis of different phenomena, including relative 
phase shift for low frequency sounds, relative intensity for sounds in the 
voice range, and relative time arrival for sounds having fast rise times and 
high frequency components. 

20 As a result of the predetermined locations of speakers or headphones, a 

listener receives erroneous cues as to the directions from which the repro- 
duced sounds are emanating. For example, for speakers located in front of 
■ the listener, sounds that should be heard from the side are heard from the 
front and therefore are not readily perceived as being sounds emanating from 

25 the sides. For headphones or side mounted speakers, sounds that should 
emanate from the front emanate from the sides. Thus, as a result of the 
placement of speakers or headphones, the sound perspective of a recorded 
performance is incorrect. 

There have been numerous attempts to spread and widen the stereo 

30 image with mixed results. For example, it is known that the left and right 
stereo signals may be mixed to provide a difference signal (such as left minus 
right) and a sum s%nal (left plus r^ht) which can be selectively processed and 
then mixed to provide processed left and right signals. Particularly, it is well 
known that increasing or boosting the difference signal produces a wider 

35 stereo image. 
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3 

1 However, indiscriminately increasing the difference signal creates 

problems since the stronger frequency components of the difference signal 
tend to be concentrated in the mid-range. One problem is that the 
reproduced sound is very harsh and annoying since the ear has greater 

5 sensitivity to the range of about 1 KHz to about 4 KHz within the mid^range 
(herein called the "difference signal components of greater sensitivity"). 
Another problem is that the listener is limited to a position that is 
equidistant between speakers since the mid-range includes frequencies having 
wavelengths comparable to the distance between a listener's ears (which have 

10 frequencies in the range of between about 1 KHz and 2 KHz). As to such 
frequencies (herein called the "difference signal frequency components of 
increased phase sensitivity"), a slight shift in the position of the listener's 
head provides an annoying shift in the stereo image. Moreover, the perceived 
widening of the stereo im^e resulting from indiscriminate boosting of the 

IS difference signal is small, and is clearly not worth the attendant problems. 

Some known stereo imaging systems require additional ampliflers and 
speakers. However, with such systems, the stereo Image is limited by the 
placement of the speakers. Moreover, placing speakers at different locations 
does not necessarily provide the correct sound perspective. 

20 With other systems, fixed or variable delays are provided. However, 

such delays interfere with the accuracy of the reproduced sound since 
whatever delays existed in the performance that was recorded are already 
present in the recording. Moreover, delays introduce further complexity and 
limit the listener's position. 

25 There have also been attempts to correct or compensate the Imfffoper 

sound perspective resulting from the use of headphones. However, consider- 
ations with known headphone enhancement systems Include complexity and 
lack of effectiveness. 

30 SUMMARY OF THE INVENTION 

It would therefore be an advantage to provide a stereo enhancement 
system which extends the width of the stereo sound image beyond the region 
between the ^eakers. 

It would also be an advantage to provide a stereo enhancement system 
35 which does not place constraint on listening position. 
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1 Another advantage would be to provide a stereo enhancement system 

which provides for a stereo sound image that may be perceived over a large 
listening area- 
Still another advantage would be to provide a stereo correction system 

5 which provides for sound perspective correction for use with speakers or 
headphones. 

The foregoing and other features and advantages are achieved by the 
stereo enhancement system of the invention which includes a stereo image 
enhancement system for providing a wider stereo image and listening area, 

10 and a perspective correction system which provides fw sound perspective 
correction for use with leakers or headphones. The stereo image enhance- 
ment system and the perspective correction system may be utilized in 
combination or individually. 

In accordance with the invention, a wider stereo sound image and 

15 listening area are achieved by generating sum and difference signals based on 
left and right stereo signals, selectively altering the relative amplitudes of 
the difference signal frequencies and the relative amplitudes of the sum 
signal frequencies, and combining the processed sum and differehce signals 
with the original left and right signals to produce enhanced left and right 

20 stereo signals. 

Particularly, selected frequency components of the difference signal 
are boosted (emphasized) relative to other difference signal frequency 
components, and selected frequency components of the sum signal are 
boosted relative to other sura signal frequency components. The selective 

25 boosting of the difference signal provides for a wider stereo image and a 
wider listening area, and the selective boosting of the sum signal prevents the 
sum signal from being overwhelmed by the difference signaL 

In one embodiment of the invention, a spectrum analyzer that Is 
responsive to the difference signal controls the relative amplitudes of the 

30 difference signal frequency components so that the quieter difference signal 
frequency components are boosted relative to louder difference signal 
frequency components. The difference signal is also equalized by a fixed 
equalizer so that the difference signal frequencies having wavelengths 
comparable to the distance between a listener's ears are deemphasized. The 

35 spectrum analyzer further controls the relative amplitudes of the sum signal 
frequency components so that sum signal frequency components are boosted 
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1 in proportion to the levels of corresponding difference signal frequency 
components. 

In another embodimait of the invention, the difference signal is 
equalized with a fixed difference signal equalizer so that difference s^nal 

5 frequency components that statistically include quieter diffierence com- 
ponents are boosted relative to difference signal frequency components that 
statistically include louder difference signal frequencies. The sum signal is 
equalized with a fixed sum signal equalizer so that the sum signal in the 
frequency range that statistically includes difference signal frequency com- 

10 ponents are boosted. 

As a result of the selective emphasis or boost of the difference signal 
components, a wider stereo image is provided, and the harshness and image 
shifting problems associated with indiscriminate increase of the difference 
signal are substantially reduced by the equalization provided by the fixed 

15 equalizer utilized by the invention. Hie selective emphasis or boost of the 
quieter difference signed components further enhances the stereo image for 
the following reasons. Ambient reflections and reverberant fields at a live 
performance are readily perceived and are not masked by the direct sounds. 
In a recorded performance, however, the ambient sounds are masked by the 

20 direct sounds, and are not perceived at the same level as at a live 
performance. The ambient sounds generally tend to be in the quieter 
frequencies of the difference signal, and boosting the quieter frequencies of 
the difference signal unmasks the ambient sounds, thereby simulating the 
perception of ambient sounds at a live performance. 

25 The selective emphasis of the differraice signal also provides for a 

wider listening area for the following reasons. The louder frequency 
components of the difference signal tend to be in the mid-range which 
includes frequencies having wavelengths comparable to the ear-to-ear dis- 
tance around the head of a listener (the previously menticmed "difference 

30 signal frequency components of increased phase sensitivity"). As a result of 
the selective emphasis provided by the invention, the difference dgnal 
frequency components of increased phase sensitivity are not inappropriately 
boosted. Therefore, the stereo image shifting problem resulting from 
indiscriminate increase of the difference signal (discussed above in the 

35 background) is substantiaHy reduced, and the listener is not limited to being 
equidistant from the speakers. 
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1 In providing the selective boosting of the difference signal, the amount 

of enhancement, which is determined by the level of the selectively boosted 
difference signal that is mixed, is automatically adjusted so that the amount 
of stereo provided is relatively consistent. Without such automatic adjust- 

5 ment, the amount of enhancement provided would have to be manually 
adjusted for the differing amounts of stereo in different recordings. 

The process of selectively boosting the difference signal also boosts any 
artificial reverberation introduced in the recording process since artificial 
reverberation is predominantly in the difference signal. In order to avoid the 

10 inappropriate boosting of artificial reverberation, the enhancement system of 
the invention monitors the sum and difference signals for characteristics that 
indicate the possible presence of artificial reverberation, tf the possibility of 
artificial reverberation is detected, the amount of boost provided for the 
difference signal is selectively reduced and the amount of boost for the sum 

15 signal is selectively increased. 

A further aspect of the disclosed Invention is a sound perfective 
correction system which provides perspective correction for recorded perfor- 
mances reproduced with speakers located at different positions or with 
headphontrav ■ The perspective correction system selectively modifies sum and 

20 difference signals derived from the left and right stereo signals to that the 
reproduced sounds are perceived as emanating from the directions a listener 
would expect at a live performance- Thus, with speakers located in front of 
- the listener, sounds that should be heard as emanating from the sides are 
perceived as emanating from the sides. With headphones, sound that should 

25 be heard as emanating from the front are perceived as emanating ft-om the 
front. 

The sound perspective correction system achieves perspective correc- 
tion by generating sum and difference signals from left and right stereo 
signals, pxjviding fixed equalization for the sum and difference signals to 

30 compensate for the variation with direction of the frequency response of the 
human ear, and combining the equalized sum and difference signals to 
produce left and right signals. For speakers located in front of the listener, 
the difference signal is selectively boosted so that side sounds are restored to 
the a^rc^riate levels that would have been perceived had they been 

35 reproduced to emanate from the sides. For ^ eakers located to the side or 
for heat^hones, the sum signal is selectively attenuated to restore front 
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1 sounds to the appropriate levels that would have been perceived had they 

been reproduced to emanate from the front. 

As indicated previously, the sound perspective correction system of the 

invention may be utilized in conjunction with the above-summarized stereo 
5 image enhancement system of the invention or may be utilized alone with 

other audio components. 

Principles of the present invention are applicable both for playback of 

conventional stereo phonograph records, magnetic tapes and digital discs 

through a conventional sound reproducing system including a pair of loud- 
10 speakers and for making unique recordings on phonograph records, digital 

discs or magetic tape which recordings can be played on a ccaiventional sound 

reproducing system to produce left and right stereo output signals providing 

the advantageous effects described above. 

15 BRIEF DESCRIPTION OF THE DRAWINGS 

The advantages and features of the disclosed invention will readily be 
appreciated by persons skilled in the art from the following detailed 
nescription when read in conjunction with the drawing wherein: 

FIG. 1 is a block diagram of the stereo enhancement system of the 
20 invention. 

FIG. 2 is a block diagram of a dynamic stereo image enhancement 
system in accordance with the invention which provides for dynamic equali- 
zation. 

FIG. 3 is a block diagram of the feedback and reverberation control 
25 circuit for the stereo image enhancement systems of FIGS. 2 and 4. 

FIG. 4 is a block diagram of a non-dynamic or Hxed stereo image 
enhancement system in accordance with the invention which provides for 
fixed equalization. 

FIGS. 5A and 5B are plots of the equalization provided by the fixed 
30 stereo image enhancement system of FIG^ 4. 

FIG. 6 is a block diagram of a soui^ pCTspective COTrection system in 
accordance with the invention- 

FIGS. 7A and 7B are frequency re^onses of the human ear which are 
helpful in understanding stereo image enhancement systems of FIGS. 2 and 4 
35 and the sound perspective correction system of FIG. 5. 
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1 FIG. 7C is the frequency re^onse of FIG. 7A relative to FIG. 7B. 

FIG. 7D is the frequency response of FIG. 7B relative to FIG. 7A. 
FIGS- 8 and 9 illustrate sound reproducing and sound recording systems 
re^ectively, each of which employs either or both of the stereo image 
5 enhancement and perspective correction arrangements embodying principles 
of the present invention. 

FIG. 10 is a block diagram of the stereo enhancement system having 
automatic and manual control of reverberation enhancement. 

FIG. 11 shows an alternative attenuating reverberation fUter. 

10 

DETAILED DESCRIPTION OF THE DISCLOSURE 
In the foUowir^ detailed description and in the several figures of the 
drawing, like elements are identified with like reference numerals. 

In order to facilitate the understanding of the invention, the following 

15 discussion is provided in different sections, with each subsequent section 
beii^ more detailed than the previous section. Thus, an overview is first 
presented wherein the overall functions provided are discussed. Then, the 
invCTtion is discussed *in more detail with more emphasis on operatii^ 
parameters. 

20 1. OVERVIEW 

Referring now to FIG. 1, shown therein is a block diagram of the stereo 
enhancement system 300 of the invention, which includes a stereo image 
enhancement system 100 and a perspective correction system 200. The 
stereo image enhancement system 100 receives left and right stereo signals L 

25 and R and processes such signals to provide image enhanced left and right 
stereo sfenals L' and R' to the perspective correction system 200. The 
perspectiye correction ^stem 200 processes the image enhanced stereo 
signals to provide image enhanced stereo s^nals which have been corrected 
to provide for propCT sound perspective when amplified and played through 

30 leakers or headphones. 

For use with standard commercially available audio components, the 
stereo enhancement system 300 of the invention may be utilized in the tape 
monitor loop or, if available, in an external processor loop of a preamplifier. 
Such loops are not affected by the preamplifier controls such as tone 

35 controls, balance control, and volume controL Alternatively, the stereo 
enhancement system 300 may be interposed between the preamplifier and 
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1 power amplifier of a standard stereo sound reproduction system. However, 
with such installation, the balance and tone controls are preferably disabled 
or nulled. 

The disclosed stereo enhancement system 300 may be readily incorpor- 

5 ated for production into audio preampliners that are manufactured and sold 
as separate units, as well as into audio preamplifiers that are included in 
integrated amplifiers and receivers. As so incorporated, the stereo enhance- 
ment system 100 is preferably upstream of the tone and balance controls and 
preferably is capable of being bypassed. 

iO It should be noted that the enhancement provided by the disclosed 

stereo enhancement system 300 can be advantageously utilized to enhance 
recordings. Such recordings can be played back on an audio system which 
does not include the stereo enhancement system 300, or an audio system 
which does include the stereo enhancement system 300 and which has been 

15 bypassed. Thus, for example, a recording which includes image enhancement 
and perspective correction can be made for playback in an automobile with 
side mounted speakers. It should be noted that perspective correction may 
not be desired in making recordings unless the playback conditions are known, 
e.g., that playback win be only through side mounted automobile speakers. 

20 It should also be noted that the stereo image enhancement system 100 

and/or the perspective correction 200 may be utilized independently in an 
audio system. Thus, for example, the perspective correction system 200 
alone may be incorporated into an automobile airfio system for correetii^ the 
improper sound perspective caused by side mounted speakOTs. Also, for cost 

25 considerations, the stereo image enhancement system 100 alone may be 
incorporated in an audio system for home use. 

Referring to FIG. 2, shown therein is a block diagram of a stereo image 
enhancement system 10 which may be utilized as the stereo image enhance- 
ment system 100 in the stereo enhancement gystem 300 of FIG. 1, and which 

30 provides for dynamic equalization of the sum and difference of left and right 
stereo signals to achieve a wider stereo image and a wider listenii^ area. 
Particularly, subsonically filtered left and right stereo signals L and R at the 
outputs of subsonic filters 12, 14 are provided to a difference circuit 11 and a 
summing circuit 13 which respectively provide a difference signal (L-R) and a 

35 sum signal (L+R). A dynamic difference signal equalizer 19, a fixed 
differemse signal equalize 18, and a gain controlled amplifier 22 cooperate 
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10 

1 to selectively alter or modify the relative amplitudes of the difference signal 
frequency components (also referred to herein as "components" or "frequen- 
cies") to provide a processed difference signal (L-R)p. A dynamic sum signal 
equalizer 21 selectively alters or modifies the relative amplitudes of the sum 

5 signal frequency compwients (also referred to herein as "components" or 
"frequencies" to provide a processed sum signal (L+lOp.) 

A spectrum analyzer 17, which is responsive to the difference signal 
provided by thie difference circuit 11, controls the dynamic difference signal 
equalizer 19 so that the quieter components of the difference signal are 

10 boosted relative to the louder components. More specifically, the dynamic 
difference signal equalizer 19 is controlled to attenuate the louder difference 
signal components more than the quieter difference signal components. The 
subsequent amplification of the equalized difference signal provides for a 
processed difference signal wherein the quieter components have been 

15 boosted relative to the louder difference signal components. 

The fixed difference signal equalizer 18 selectively attenuates the 
equalized difference signal provided by the dynamic difference signal equali- 
zer 19 to provide deemphasis in a predetermined manner. 

The spectrum analyzer 17 also controls the sum signal equaHzer so that 

20 components of the sum signal are boosted as a direct function of the levels of 
corresponding difference agnal components. More specifically, the sum 
signal equalizer 21 boosts the sum signal to provide a processed sum signal 
- wherein the sum signal components have been boosted in proportion to the 
amplitudes of corre^ndening difference signal amplitudes. 

25 A feedback and reverberation control circuit 30 controls the gain of the 

gain controlled amplifier 22 so that the amount of stereo provided is 
relatively consistent from recording to recording. The control circuit 30 also 
controls the difference signal equalizer 19 and the sum signal equalizer 21 so 
that difference sfenal components that may include artificial reverberation 

30 are not inapprt^riately Iwosted when the possibility of artificial reverbera- 
tion is detected. When the possibili^ of artificial reverberation is detected 
by the control circuit 30, the reverberation control s^al RCTRL controls 
the dynamic difference signal equaliza* 19 to provide further attenuation in 
selected frequency bands where artificial reveriieration statistically occurs, 

35 and the dynamic sum signal equalizer 21 to provide further boost in such 
selected frequency bands, this manner, any artificial reverberation which 
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1 may be present in the difference signal is not inappropriately boosted in the 
subsequent amplification of the difference signal. The further boost of the 
sura signal ensures that the sum signal frequencies in the selected frequency 
bands are of sufficient level to compensate any artificial reverberation which 

5 may not have been sufficiently attenuated by the dynamic difference signal 
equtdizer 19 pursuant to the reverberation control signal RCTRL. 

The control circuit 30 is responsive to the sum and difference signals 
provided by the summing circuit 11 and the difference circuit 13, and also to 
the processed difference signal provided by the gain controlled ampliHer 22. 

10 Referring now to FIG. 4, shown therein is a block diagram of a further 

embodiment of a stereo image enhancement system 110 which may be 
utilized as the stereo image enhancement system 100 in the stereo enliance- 
ment system of FIG. 1, and which provides for respective fixed equalization 
of the sum and difference of left and right stereo signals to achieve a wider 

15 stereo ims^e and a wider listening area. Particularly, subsonically filtered 
left and right stereo signals L and R from subsonic filters 112, 114 are 
provided to a difference circuit 111 and a sum circuit 113 which generate 
respective difference and sum signals (Lr-R) and (L+R). A fixed difference 
signal equalizer 115, a gun controlled amplifier 125, and a reverberation 

20 filter 129 cooperate to selectively boost certain difference signal components 
relative to other difference signal components. A fixed sum signal equalizer 
117 and a gain controlled ampliHer 127 cooperate to selectively boost certain 
sum signal components relative to other sum signal compcments. Effectively, 
the sum and difference signals are respectively spectrally shaped or equalized 

25 in a fixed predetermined manner. 

Particularly, the difference signal is equalized so that the frequencies 
where the quieter difference signal components statistically occur more 
frequently are boosted relative to the frequencies where the louder differ- 
ence signal components statistically occur more frequently. Hie sum signal 

30 is equalized so that frequencies vihsee the difference signal components 
statistically occur are boosted relative to other frequencies. 

The stereo ims^e enhancement system 110 ftirther includes a feedback 
and reverberation control circuit 40 which is substantially similar to the 
control circuit 30 of FIGS. 2 and 3 and provides substantially similar 

35 functions. Particularly, the control circuit 40 coc^>erates with the gain 
controlled amplifier 125 so that substantially consistent stereo is provided for 
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^ differing amounts of stereo within a given recording and between different 
recordings. 

The control circuit 40 further cooperates with the gain controlled 
amplifier 127 and the reverberation filter 129 to compensate the effects of 
^ artificial reverberation. When the possibility of artificial reverberation is 
detected, the gain controlled amplifier 127 boosts the sum signal, and the 
reverberation filter 129 attenuates the difference signal components that 
statistically include artificial reverberation relative to other difference 
signal components. In this manner, the difference signal components that 
may include artificial reverberation are not inappropriately boosted. The 
flirther boost to the sum signal is to compensate for any artificial reverbera- 
tion which may not have been sufficiently attenuated by the reverberation 
filter 129. 

Referring now to FIG. 6, shown therein is a block diagram of a sound 

15 perspective correction system 210 which may be utilized as the sound 
perspective correction system 200 in the stereo enhancement system of FIG. 
1. The perspective correction system 210 is responsive to left and right 
signals provided by the outputs of a stereo image enhancement system in 
accOTdance with the invention as discussed above relative to FIGS. 2 and 4. 

20 Alternatively, as discussed with reference to the stereo enhancement system 
300 of FIG. 1, the left and right signals may be provided by an appropriate 
audio preamplifier. 

The sound perspective correction system 210 includes a summing circuit 
211 and a difference circuit 213 for respectively providing sum and differ- 

25 ence signals (L+R) and (L-R). The sum and difference signals are re^eetively 
equalized by a fixed sum signal equalizer 215 and a fixed difference signal 
equalizer 221, which provide different equalization characteristics. 

Particularly, the fixed sum signal equalizer 215 provides for one 
equalization ou^ut, and the fixed difference signal equalizer 221 provides for 

30 one equalization ou^ut. A pair of two position switches 217, 223 control 
whether equalized or non-equalized sum and difference signals are provided 
to a mixer 225. The selection of the signals provided to the mixer 225 is 
determined by the type of sound transducers (e.g., speakers or headphones) 
and/or the location of the sound transducers (e.g., front or side) used for 

35 sound reproduction. The mixer 225 mixes the sum and difference signals to 
provide processed left and right ou^ut signals which are the outputs of the 
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1 sound perspective correction system 210. As discussed above relative to the 
stereo enhancement system 300 of FIG. 1, the outputs of the sound 
perspective ^stem 210 may be provided to the preamplifier tape monitor 
loop input or to a standard power amplifier. 

5 IL DETAILED BLOCK DIAGRAM DISCUSSION 

A. The Dynamic Stereo Image Enhancement System 
Referring again to FIG. 2, the stereo image enhancement system 10 of 
the invention includes a left input signal subsonic filter 12 and a right input 
signal subsonic filter 14 which are responsive to left and r^ht stereo sfenals 

10 L and R provided by a stereo sound reproduction system (not shown). For 
example, the left and right stereo s^nals L and R may be provided by a 
preamplifier tape monitor loop output. The subsonic filters 12, 14 provide 
subsonically filtered input signals and Rj^^ to a difference circuit 11 and a 
summing circuit 13. 

15 Each of the subsonic filters 12, 14 is a high pass filter having a -3 dB 

frequency of 30 Hz and a roll-off of 24. dB per octave. The sharp roH-off 
provides some protection against damage to speakers in the event a phono 
cartridge is accidentally dropped. Vertical displacement of a stylus due to 
dropping a phono cartridge is manifested as low frequency difference signal 

20 components with large amplitudes, which could be potentially damaging to 
speakers. The sharp subsonic filter roll-off cuts off such low frequency 
components to reduce the possibility of dams^e. 

The difference circuit 11 subtracts the right subsonicaUy filtered signal 
R.^ from the left subsonically filtered s^nal-Lj^^ to provide a difference 

25 signal (L-R), while the summii^ circuit 13 adds the left and right subsonically 
filtered input s^nals Lj^^ and Rj^^ to provide a sum signal (L+R). 

The difference signal (L-R) is provided to a multi-band ^ectrum 
analyzer 17. The difference signal (L-R) is further provided to a multi-btuid 
dynamic difference signal equalizer 19 which is controlled by control sipials 

30 provided by the spectrum analyzer 17. The sum signal (L+R) is provided to a 
multi-band dynamic sum s^nal equalizer 21 which is also controlled by the 
ccmtrol signals provided by the ^ectrura analyzer 17. 

The multi-band spectrum analyzer 17 is responsive to predetermined 
frequency bands and provides respective control signals associated with each 

35 of the predetermined frequency Iwmds. Particularly, awh control signals are 
proportional to re^ective average amplitudes of the difference signal (L-R) 
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14 

1 within the re^eetive predetermined frequency bands. By way of example, 
the multi-band spectrum analyzer 17 includes a plurality of one octave wide 
bandpass filters respectively centered in the predetermined frequency bands 
and respectively having roll-offs of 6 dB per octave. The respective outputs 

5 of the bandpass filters are rectified and appropriately buffered to provide the 
control signals. 

The (Ibmamic difference signal equalizer 19 is also responsive to the 
predetermined frequency bands and selectively cuts (attenuates) the differ- 
ence signal frequencies in such inredetermined frequency bands in response to 

10 the control s^nals provided by the spectrum analyzer 17. Specifically, the 
difference signal equalizer 19 attenuates the difference signal components 
within the respective predetermined frequency bands as a direct function of 
the re^ective control signals provided by the spectrum analyzer 17. That is, 
for a given frequency band, attenuation increases as the average amplitude of 

15 the difference ^nal (L-R) wi1±in such frequency band increases. 

The ou^ut of the dynamic difference signal equalizer 19 is provided to 
a fixed difference signal equalizer 18 which attenuates selected frequencies 
of the dynamically equalized difference signal in a predetermined manner. 
An appropriate equalization characteristic for the fixed difference signal 

20 equalizer 18 is shown in FIG. 5A. By way of example, the fixed difference 
signal equalizer 18 may include a plurality of parallel filter stages including a 
low pass filter and a high pass filter having the following characteristics. 
■ The low pass filter has a -3 dB frequency of about 200 Hz, a roU-off of 6 dB 
per octave, and a gain of unity. The high pass filter has a -3 dB frequency of 

25 about 7 K^, a roU-off of 6 dB per octave, and a gain of one-half. 

The fixed equalization of the fixed difference equalizer 18 is provided 
(a) so that frequencies to which the ear has greater sensitivity (about 1 KHz 
to about 4 KHz) are not inappropriately boosted, and (b) so that difference 
signal components having wavelengths comparable to the distance between 

30 the ears of a listener (the previously discussed "difference signal components 
of increased phase sensitivity") are not inappropriately boosted. Alterna- 
tively, such fixed equalization may be provided prior to dynamic equalization. 

The difference signal provided by the fixed difference signal equalizer 
18 is amplified by a gain controlled amplifier 22 to provide a processed 

35 difference Mgnal (L-R) . 
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1 The dynamic sum signal equalizer 21 is also re^onsive to the pre- 

determined frequency bands and selectively boosts the sum signal frequencies 
in such predetermined frequency bands in response to the control ^nals 
provided by the spectrum analyzer 17. ^eciHcaUy, the dynamic sum signal 

3 equalizer 21 boosts the sum signal components within the re^ective prede- 
termined frequency bands as a direct function of the respective control 
signals provided by the spectrum analyzer 17. That is, for a given frequency 
band, boost increases as the average amplitude of the difference signal (L-R) 
within such frequency band increases. The output of the dynamic sum signal 

10 equalizer 21 is a processed sum signal (L+R)p. 

The iMredetennined frequency bands for the ^ectrum analyzer 17, the 
dynamic difference signal equalizer 19, and the dynamic sura signal equalizer 
21 include seven (7) bands of one octeve width each which are respectively 
centered at 125 Hz, 250 Hz, 500 Hz, 1 KHz, 2 KHz, 4 KHz, and 8 KHz. A 

15 larger or smaller number of predetermined frequency bands may be readily 
utilized. 

The dynamic difference signal equalizer 19 provides for each of the 
frequency bands a maximum attenuation of 12 dB for the maximum level of 
the corresponding control dgnals provided by the ^ectrum analyzer 17. No 

20 attenuation would be provided for a control signal having a zero leveL 
Similarly, the dynamic sum signal equalizer 21 provides for each of the 
frequency bands a maximum boost of 6 dB for the maximum level of the 
corresponding control signals provided by the i^ectrum analyzer 17. No boost 
would be provided for a control signal having a zero level. 

25 The control signals provided by the ^ectrum analyzer 17 have a range 

between 0 volts and 8 volts. The corresponding range of attenuation provided 
by the dynamic difference signal equalizer 19 would be between 0 dB and -12 
dB, while the corresponding rai^e of boost provided by the sum signal 
equalizer 21 would be between 0 dB and 6 dB. 

30 It should be readily a^^arent that for a given control signal for a 

particular frequency band, the value of the boost provided by the dynamic 
sum signal equalizer 21 is 6ne-4ialf of the value of the attenuation provided 
by the dynamic difference signal equalizer 19. Other ratios may be utilized, 
but it is important that the level of boost provided by the dynamic sum signal 

35 equalizer 21 be less than the corresponding level of attenuation provided by 
the dynamic difference signed equalizer 19. Such reduced boost has been 
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1 found to be appropriate since most recordings include more sum signal than 
difference signal. A maximum boost level approaching the maximum 
attenuation level would result in ina^jropriately l^h levels of the processed 
sum s:^al (L+R)p. 

5 As disctissed further herein, selected frequency bands of the dynamic 

difference signal equalizer 19 and the dynamic sum s^nal equalizer 21 are 
further responsive to other ccmtrol signals. The foregoing discussion of the 
responses of such equalizers to the control s^nals provided by the spectrum 
analyzer were based on such other control signals having zero levels. To the 

10 extent that other control signals have non-zero levels, the total attenuation 
or boost is the superpo^tion of the individual attenuation or boost due to the 
individual control signals. In other words, the respective control signals are 
added. 

It should be noted that preferably the dynamic difference signal 

15 equalizer 19 is configured to provide for each of the frequency bands a 
maximum attenuation, such as 12 dB, in ord^ to avoid inapprt^riate levels of 
attenuation. Similarly, the dynamic sum s^nal equalizer 21 is preferably 
configured to provide for each of the frequency bands a maximum boost, such 
as 6 dB, in order to avoid inappropriately high levels of boost. 

20 The stereo image enhancement system 10 further includes a feedback 

and reverberation control circuit 30 which cooperates with other elements in 
the system to provide for automatic adjustment of the stereo image 
enhancement provided and for reverberation compensation. The character- 
istics of recordings that make automatic enhancement adjustment and 

25 reverberation compensation desirable are discussed further below. 

The control circuit 30 (described in more detail below relative to FIG. 
3) is responsive to the difference s%nal (L-R) provided by the difference 
circuit 11 and the sum signal (L+R) provided by the sum circuit 13. The 
control circuit 30 provides a gain control signal CTRL for controUii^ the gain 

30 controlled amplifier 22 which varies the gain applied to the difference dgnal 
provided by the fixed difference s^nal equalker 18. The control circuit 30 is 
further responsive to the processed difference s^nal (L-R)p provided by the 
gain controlled amplifier 22, thereby providing a closed loop system for 
controlling the processed difference signal (L-R)p. 

35 The control circuit 30 controls the gain of the gain controlled amplifier 

22 to maintain a constant ratio between (1) the sum signal (L+R) provided by 
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1 the summing circuit 13 and (2) the processed difference signal (L-R) ou^ut 
of the gain controlled amplifier 22. By way of example, the gain controlled 
amplifier 22 may be an appropriate voltage controlled amplifier. 

The control circuit 30 further provides a reverberation control signal 

5 RCTRL to the difference signal equalizer 19 and the sum signal equalizer 21 
for controlling the amount of equalization provided in the frequency bands 
centered at 500 Hz, 1 KHz, and 2 KHz (herein the "reverberation bands"). 
Tlie presence of artificial reverberation, which is almost always in difference 
signal frequencies in the reverberation bands, is indicated by a larger than 

10 expected ratio between the sum s^nal and the difference s^nal, since a lai^e 
ratio indicates the presence of a center stage soloist (vocalist or instrumen- 
talist), which in turn indicates the possibility of artificial reverberation. The 
control circuit 30, therefore, monitors the ratio between the sum signal (L+R) 
and the difference sfenal (L-R). When the possible presence of artificial 

15 reverberation is detected (for example, when the sum signal to difference 
signal ratio is greater than a predetermined value), the reverberation cwitrol 
signal RCTRL provides further control of the reverberation bands in the 
difference signal equalizer 19 and the sum s^al equalizer 21. 

As to the difference signal equalizer 19, the reverberation control 

20 signal RCTRL causes further attenuation in the above specified reverberation 
bands in addition to the attenuation resulting from the control serials 
provided by the spectrum analyzer 17. As to the sum signal equalizer 21, the 
■ reverberation control signal RCTRL causes further boost in the above 
specified reverberation bands in addition to the boost resulting from the 

25 control signals provided by the spectrum analyzer 17. 

The further attenuation of the difference signal components within the 
reverberation bands is to prevent any artificial reverberation which may be 
accompanying a soloist from being inappropriately boosted when the pro- 
cessed difference s^nal is subsequent^ amplified. The further boost of the 

30 sum signal components within the reverberation bands insures that the sum 
signal components in the reverberation bands are of sufficient level to 
compensate any artificial reverberation that is not sufficiently attenuated by 
the dynamic difference signal equalizer 19. 

The dynamic difference signal equalizer 19 provides for each of the 

35 above specified reverbo'ation bands a maximum attenuation of 12 dB for the 
maximum level of the reverberation control signal RCTRL, with no cwres- 
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1 ponding control signal from the spectrum analyzer 17 present. The total 
attenuation provided in response to both the reverberation control signal 
RCTRL and a corresponding control signal from the spectrum analyzer 17 
would be the superposition of the re^ective attenuations in response to the 

5 individual control sfenals. However, as noted previously, the dynamic 
difference s^nal equalizer 19 is preferably configured to provide a predeter- 
mined maximum attenuation, such as 12 dB, regardless of the levels of the 
control signals. 

The dynamic sum signal equalizer 21 provides for each of the above 

10 specified reverberation bands a maximum boost of 6 dB for the maximum 
level of the reverberation control signal RCTRL, with no corresponding 
control signal from the spectrum analyzer 17 present. The total boost 
provided in re^onse to both the reverberation control signal RCTRL and a 
corresponding control signal from the spectrum analyzer 17 would be the 

15 superposition of the respective boosts in response to the individual control 
s^als. However, as noted previously, the dynamic sum signal equalizer 21 is 
preferably configured to provide a predetermined maximum boost, such as 6 
dB, regardless of the levels of the control signals. 

Alternatively, reverberation compensation for the processed sum signal 

20 may be achieved by utilizing a gain controlled amplifier (not shown) to vary 
the gain applied to the equalized sum signal provided by the dynamic sum 
signal equalizer 21. Such gain controlled amplifier would amplify the 
- processed sum signal as a function of the reverberation control signal 
RCTRL. If a gain controlled amplifier to amplify the processed sum signal is 

25 utilized to compensate the effects of artificial reverberation, the reverbera- 
tion control signal RCTRL would not be provided to the dynamic sum s^al 
equalizer 21. 

The output of the gain controlled amplifier 22 is coupled to one fixed 
terminal of a potentiometer 23 which has its other fixed terminal coupled to 
3d ground. The wiper contact of the potentiometer 23 is coupled to a mixer 25 
which therefore receives the processed difference signal (L-R)^ having a 
level controQed by the gain controlled amplifier 22 and the potentiometer 23. 

As mentioned previously, the control circuit 30 and the gain controlled 
amplifier 22 control the ratio between the sum signal (L+R) provided by the 
35 summing circuit 13 and the processed difference signal (L-R)p provided by 
the gain controlled amplifier 22. As discussed further herein, that ratio is 
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1 controlled by circuitry within the control circuit 30. The potentiometer 23 
provides further control over the amount of stereo enhancement provided. 

The output of the dynamic sum signal equalizer 21 is coupled to one 
fixed terminal of a potentiometer 27 which has its other fixed terminal 

5 coupled to ground. The wiper contact of the potentiometer 27 is coupled to 
the mixer 25 which therefore receives the processed sum signal (l''''H}p havii^ 
a level controlled by the potentiometer 27. The potentiometer 27 controls 
the level of the sound image at center stage. 

The left and right subsonically filtered input signals Lj^ and R.^ are 

10 provided as further inputs to the mixer 25. The mixer 25 combines the 
processed sum signal (L"'"R)p and the processed difference signal (L-R)p with 
the left and right input signals Lj^^ and Rj^^ to provide left and right output 
signals L^^^ and Rq^^. Particularly, the left and right output signals L^^^ 
and R|^^^ are provided by the mixer 25 in accordance with the following: 

15 

^ut = ^in * Ki(L+R)p * K2(L-R)p (Equation 1) 
Royt = Rin + Kj{L+R)p-K2(L-R)p (Equation 2) 

20 The value of Kj is controlled by the potentiometer 27; and the value of Kg is 
controlled by the potentiometer 23. 

The overall effect of processing the difference s^nal (Ir-R) is that the 
quieter difference s%nal components are boosted relative to the louder 
difference signal components. That is, the selective attenuation of the 

25 difference s%hal followed by ampliflcation provides a processed difference 
signal wherein the louder components may be comparable in level to their 
original levels while the quieter difference signal components have levels 
greater than their original levels. 

The processing of the sum signal (L+R) is to raise the level of the sum 

30 signal so that it is not overwhelmed by the selective boosting of difference 
s^nal components. 

The potentiometers 23, 27 are user controlled elements to aUow the 
user to control the respective levels of the processed sum s^nal (L+R)p and 
the processed difference signal (Ii-R)p that are mixed by the mixer 25. For 

35 example, the potentiometers 23, 27 may be adjusted to minimize the pro- 
cessed difference s^nal and to maximize the preceded sum signal. With 
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1 such adjustment, the listener would hear primarily any center stage soloist 
present in the recording being played. 

The left and right output signals L^^^ and R^^^^ are provided to the 
sound perspective correction system 200 of the stereo enhancement system 

5 300 of FIG. 1. Alternatively, as discussed relative to the stereo enhancement 
system 300 of FIG. 1 and to the extent that the sound perspective correction 
system 200 is not utilized, the left and right output signals L^^^ and R^^^ are 
appropriately provided, for example, to the tape monitor loop ii5>ut of the 
preamplifier tape monitor loop that provided the left and right stereo signals 

10 LandR. 

B. The Feedback and Reverberation Control Circuit 
Referring now to FIG. 3, shown therein is a block diagram of the 
feedback and reverberation ccwitrol circuit 30 which includes a bandpass filter 
32 that is re^pcmsive to the sum signal (L+R) and provides its output to an 

15 inverting peak detector 31. The output of the invertii^ peak detector 31 is 
an inverted sum signal envelope E^. Preferably, the bandpass Hlter 32 has a - 
3 dB bandwidth of 4.8 KHz located between 200 Hz and 5KHz and a roU-off 
of 6 dB per octave. The bandpass filter 32 filters out the effects of clicks 
and pops that may be present in recordings,-and further filters out high 

20 energy low frequency components which would have an undersirable effect on 
the control signals provided by the control circuit 30. The time constants of 
the peak detector circuit 31 provide a rise time in the order of one 
' millisecond and a decay time in the order of one-half second. 

The feedback and reverberation control circuit 30 further includes a 

25 bandpass filter 34 that is responsive to the difference signal (L-R) and 
provides its output to a non-inverting peak detector 33. The ou^ut of the 
non-inverting peak detector 33 is a non-inverted difference signal envelope 
E^. The bandpass filter 34 has characteristics similar to those of the 
bandpass filter 32 and has a -3 dB bandwidth of 4.8 KHz located between 200 

30 Hz and 5 KHz, and a roU-off of 6 dB per octave. The time constants of the 
peak detector circuit 33 provide a rise time in the order of one millisecond 
and a decay time in the order of one-half second. 

The feedback and reverberation control circuit 30 includes another 
bandpass filter 36 that is responsive to the processed difference signal (L-R)p 

35 and provides its output to a non-inverting peak detector 35. Hie oulput of 
the non-invertii^ peak detector 35 is a nrai-inverted processed difference 
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1 signal envelope E^^. The bandpass filter 36 has characteristics similar to 
those of the bandpass filters 32, 34, and has a -3 dB passband of 4.8 KHz 
located between 200 Hz and 5 KHz and a roU-off of 6 dB per octave. The 
time constants of the peak detector 35 provide a rise time in the order of one 

5 millisecond and a decay time in the order of one-half second. 

The ou^uts of the inverting peak detector 31 and the non-inverting 
peak detector 33 are respectively coupled to the fixed contacts of a 
potentiometer 37. As discussed more fully further herein, the signal 
available at the wiper contact of the potentiometer 37 is coupled to an 

10 averagii^ circuit 60 which provides the reverberation control signal RCTRL. 

The output of the inverting peak detector 31 is further coupled to one 
fixed terminal of a potentiometer 39 which has its other fixed terminal 
coupled to ground. The inverted sum signal envelope provided at the wiper 
contact of the potentiometer 39 is coupled via a summing resistor 41 to the 

15 summing junction 43 of an integrator 50. The non-inverted processed 
difference signal envelope E^^ provided by the non-inverting peak detector 
35 is also coupled to the summing junction 43 via a summing resistor 45. 

The integrator 50 further includes an operational amplifier 47 which hais 
its inverting input connected to the summing junction 43 and has its non- 
20 inverting input connected to ground. An integrating capacitor 49 is connec- 
ted between the output of the operational amplifier 47 and the summing 
junction 43. A zener clamp diode 51 is coupled between the ou^ut of the 
operational amplifier and the summii^ junction 43, and the functions to limit 
the maximum level of the control signal CTRL provided by the operational 

25 amplifier 47. 

Further, the integrator 50 includes a zener diode 53 and a switch 55 
serially coupled between the output of the operational amplifier 47 and the 
summing junction 43. The zener diode 53 has a value that is about in the 
middle of the ou^ut swing of the operational amplifier 47 as controlled by 

30 the zener damp diode 51. The switch 55 is controlled by a difference s^nal 
detector 57 which is responsive to the difference signal envelope E^ provided 
by the peak detector 33. Specifically, the difference signal detector 57 
controls the switch 55 to close and clamp the level of the integrator output 
CTRL when little or no difference s^nal envelope is present. By way of 

35 example, the difference signal detector 57 may be a voltage comparator (or 
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1 an operational amplifier biased as a voltage comparator) with an appropriate 
threshold reference near zero. 

The switched clamp circuit including the zener diode 53 and the switch 
55 prevent a substantial increase in the gain provided by the gain controlled 

5 amplifier 22 when the left and right input signals L.^^ and contain very 
little or no stereo information. Without such a switched clamp circuit, left 
and right input signals containii^ very little or no stereo information would 
cause the integrator output CTRL to go to its maximum level since very 
little or no processed difference signal would be present. Such maximum 

10 level of the control signal CTRL would cause the gain controlled amplifier 22 
to provide maximum gain, and when the input signals Lj^^ and Rj^^ subse- 
quently contain stereo information, the processed difference signal would be 
dramatically amplified to the detriment of the audio equipment and listeners' 
comfort. 

15 An alternative arrangement (not shown) of the switched clamp circuit 

50 completely eliminates that one feedback path of amplifier 47 which 
includes zener diode 53 and switch 55. Ja such alternative arrangement, the 
switch 55 is connected between the summing junction 43 and the connection 
of the feedback path of capacitor 49, diode 51 to the inverting input to 

20 amplifier 47. The switch is still operated from the output of difference 
signal detector 57, which in this case, is connected to cause the switch to 
open when the difference signal detector 57 detects loss of the difference 
signal. Thus, with the loss of difference signal in such an alternative 
arrangement, the charge on int^ating capacitor 49 remains frozen and, 

25 because the capacitor remains connected to the amplifier at sJl times, 
remains at the level existing upon the (^ening of the switch. Therefore the 
control signal from the oulput of amplifier 47 will not increase upon loss of 
the difference signal. 

The output of the integrator 50 is the gain control signal CTRL and is 

30 indicative of the sum of (a) the inverted sum signal envelope Eg provided to 
the summing junction 43 and (b) the non-inverted processed difference signal 
envelope E^^ provided to the summing junction 43. The gain control signal 
CTRL is utilized to vary the gain applied to the difference sfenal (L-R) by the 
gain controlled amplifier 22 (FIG. 1) so that the sum of the sum and processed 

35 difference signal envelopes E^, applied to the summing resistors 41, 45 of 
the integrator 50 tends toward zero. Thas, the non-inverted processed 
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1 difference sipial envelope E^^ provided to the summing junction 43 tends to 
inversely track or follow the inverted sum signal envelope provided to the 
summing junction 43. Stated another way, the processed difference signal (L- 
R)p is adjusted by the control signal CTRL in such a way that the non- 

5 inverted processed difference signal envelope tends to be equal and 
opposite to the inverted sum signal envelope E provided at the wiper contact 
of the potentiometer 39. 

Referring to FIG. 2, the control circuit 30 and the gain controlled 
amplifier 22 in essence cooperate to maintain a predetermined ratio between 

10 the sum signal (L+R) provided by the summing circuit 13 and the processed 
difference signal (I/-R)p provided by the gain controlled amplifier 22. lliat 
predetermined ratio is set by the potentiometer 39 (FIG. 3). 

As mentioned earlier, the averaging circuit 60 is responsive to the 
signal at the wiper contact of the potentiometer 37. The signal at the wiper 

15 contact of the potentiometer 37 is the sum of the inverted sum signal 
envelope and the non-inverted difference signal envelope E^, where the 
amount contributed by each envelope to the sum of envelopes is determined 
by the position of the wiper contact. Since the sum signal envelope is 
inverted and the difference signal is non-inverted, the sum of envelopes wiU 

20 tend to go to zero if the sum and difference envelopes at the wiper contact 
are close to being equ£d and opposite. 

The averaging circuit 60 includes an operational amplifier 59 and an 
input resistor 61 coupled between the inverting ir^ut of the operational 
amplifier 59 and the wiper contact of the potentiometer 37. The non- 
25 inverting input of the operationsil amplifier 59 is connected to ground, and 
the output of the operational amplifier is the reverberation control signal 
RCTRL. A capacitor 63 and a resistor 65 are coupled in parallel betweai the 
output of the operational amplifier 59 and its inverting input. Effectively, 
the averaging circuit 60 is an integrator with a resists eot^led across the 

30 integrating capacitor. 

So long as the sum of envelopes signal at the vipee contact of the 
potentiometer 37 is near zero, the reverberation control signal provided by 
the averaging circuit 60 is near zero. When the contribution of the sum 
signal envelope to the sum of envelopes signal at the wiper contact becomes 

35 predominant, the level of the reverberation control signal RCTRL increases. 
The predominance of the contribution of the sum signal, as determined by the 
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^^ 

1 settii^ of the potentiometer 37, indicates the possible presence of a center 
stage soloist, which in turn indicates the possibility of artificial reverberation 
In the difference signal. 

In essence, the potentiometer 37 and the averaging circuit 60 cooperate 

5 to provide the reverberation control signal RCTRL when the ratio between 
(a) the inverted sum signal envelope and (b) the non-inverted difference 
signal envelope exceeds a predetermined value. That predetermined value 
is determined by the setting of the potentiometer 37. The reverberation 
control signal RCTRL is indicative of the amount by which that predeter- 

10 mined ratio is exceeded. 

The reverberation control signal RCTRL provided at the output of the 
averaging circuit 60 is utilized to provide further controls to the reverber- 
ation bands (referenced previously in regard to FIG. 2 and centered at 500 
Hz, 1 KHz, and 2 KHz) of the dynamic difference signal equalizer 19 and the 

15 dynamic sum signal equalizer 21. Specifically, the reverberation control 
signal RCTRL causes the dynamic difference signal equalizer 19 to provide 
further attenuation in the reverberation bands and causes the dynamic sum 
signal equalizer 21 to provide further boost in the reverberation bands. As 
mentioned previously, reverberation compensation of the processed sum 

20 signal may alternatively be achieved by selectively amplifying the output of 
the dynamic sum signal equalizer 21 with a gain controlled amplifier (not 
shown) pursuant to control by the reverberation control signal RCTRL. Such 
an arrar^ement is illustrated in FIG. 10 and described in detail below. 

Since artificial reverberation is generaUy manifested in the difference 

25 signal components in the above-referenced reverberation bands, the further 
attenuation caused by tiie reverberation control sigaal RCTRL reduces the 
boost provided to any artificial reverberation that may be present. The 
further boost to the sum signal components in the reverberation bands is to 
compensate for any artificial reverberation which may not have been 

30 sufficiently attenuated by the dynamic difference signal equalizer 19. 

Preferably, the potentiometer 37 is adjusted so that the sum of 
envelopes signal at the wiper contact is at a null or slightly biased toward the 
difference signal for input stereo signals that do not include a soloist. 

It should be noted that the input to the averaging circuit 60 may 

35 alternatively be provided by other bandpass filter and peak detector cir- 
cuitry, where each of such bandpass filters has a bandwidth which is more 
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1 suitable to the detection of the possibility of the presence of reverberation. 

In the foregoing stereo image enhancement system 10, automatic 
enhancement adjustment and reverberation compensation have been provided 
for the foUowir^ reasons. 

5 It has been determined that the amount of stereo information present in 

recordings varies considerably from recording to recordir^. For example, one 
recording may be close to being monaural while another may have "ping- 
pong" stereo where a sound source appears to move from side-to-side. As a 
result of the recording to recording variation in stereo information, and also 

10 such variation within a sii^le recording, continual adjustment of the amount 
of enhancement may be required, and such adjustment is automatically and 
continually provided by the control circuit 30 and the gain controlled 
amplifier 22. 

It has also been determined that recordings may include artificial 
15 acoustical or electronic reverberation, for example, for soloists featured at 
center stage. Such artificial reverberation is generally manifested in the 
difference signal (L-R). Analysis of a variety of recordings revealed that the 
primary energy of artificial reverberation is in the range between 250 Hz and 
2500 Hz, particularly as- to male and female vocalists. Such artificial 
20 reverberation may be a function of one or more of the vocal for man ts, 
possibly the first and/or second. See "The Acoustics of the Singing Voice," J. 
Sundberg, 1977, The Physics of Music, Scientific American, W.H. Freeman & 
Company. 

When the processed difference signal (L-R)p is increased for greater 
25 stereo enhancement, any artificial reverberation that may be present is also 
increased and may under some circumstances overwhelm the processed sum 
signal (L+R)p. The presence of artificial reverberation is compensated by the 
control circuit 30 in co<^eration with the selected reverberation bands of the 
difference s^nal equalizer 19 and the sum signal equalizer 21. 
30 Jn the foregoing stereo image enhancement system 10, the sum signal 

equalizer 21 and the difference signal equalizer 19 are dynamically controlled 
by the spectrum analyzer 17, and in that sense the system is referred to as 
the dynamic stereo image enhancement system 10. Alternatively, a simpli- 
fied non-dynamic equalization or fixed eqtialization stereo image enhance- 
35 ment system may be provided which does not include the spectrum analyzer 
17 and which provides for fixed equalization of the sum and difference 
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1 signals. 

C. The Fixed Stereo Image Enhancement System 
Referring particularly to FIG. 4, shown therein is a block diagram of a 
statistical or fixed stereo image enhancement system 110 which includes a 

5 left input signal sthenic filter 112 and a right input signal subsonic filter 114 
which are respcxisive to left and right stereo signals L and R provided by a 
stereo sound r^roduction system (not shown). For example, as discussed 
above relative to the stereo enhancement system 300 of FIG. 1* the left and 
right stereo signals L and R may be provided by a preamplifier tape monitor 

10 loop output. The subsonic filters 112, 114 provide subsonically filtered input 
signals L^^^ and R.^^ to a summirg circuit 111 and a difference circuit 113. 

As discussed above relative to the dynamic stereo image enhancement 
system of FIG. 2, the subsonic filters 112, 114 afford protection against 
damage due to dropping a phono cartridge. 

15 The difference circuit 111 subtracts the r%ht signal Rj^ from the left 

s^al Ljjj to provide a difference s^nal (L-R), and the summing circuit 113 
adds the subsonically filtered left and right input signals Lj^^ and R.^^ to 
provide a sum signal (L+R). 

The difference signal (L-R) provi<5ad by the difference circuit 111 is 

20 provided to a fixed difference signal equalizer 115 which selectively attenu- 
ates the difference signal as a function of frequency. The fixed difference 
signal equalizer 115 is substantially similar to the fixed difference signal 
- equalizer 18 of the dynamic stereo image enhancement system 10 of FIG. 2, 
«md an appropriate equalization characteristic is shown in FIG. 5A. By way 

25 of example, the fixed difference signal equalizer 115 may include a plurality 
of parallel filter stages including a low pass filter and a high pass filter 
having the following characteristics. The low pass filter has a -3 dB 
frequency of about 200 Hz, a roll-off of 6 dB per octave, and a gain of unity. 
The high pass filter has a -3 dB frequency of about 7 KHz, a roll-off of 6 dB 

30 per octave, and a gain of one-half. 

As discussed further herein, further amplification for the equalized 
difference signal output of the fixed difference equalizer 115 is provided by a 
gain controlled amplifier 125. Such amplification may also be provided, at 
least in part, by the fixed difference signal equalizer 115. The ou^ut of the 

35 gain controlled amplifier 125 is coupled to a reverberation filter 129 which 
provides a proce^ed difference signal (L-R) as its output- 
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I Referring again to FIG. 5A, it should be noted that the difference signal 

is particularly attenuated in the range of about 1 KHz to about 4 KHz since 
the human ear has greater sensitivity to such frequencies and since such 
frequency range includes difference signal componeits having wavelei^ths 

5 that are comparable to the distance between a listener's ears (the "frequen- 
cies of increased phase sensitivity"). As discussed previously and relative to 
the prior art, loud difference signals within such frequencies result in 
annoyii^ harshness and limit a listener to being located equidistant between 
the speakers. By attenuating such frequencies, the harshness and the 

10 limitation on location are substantially reduced. 

The sum signal (L+R) provided by the summir^ circuit 113 is coupled to 
a fixed sum signal equalizer 117. An appropriate equalization characteristic 
for the fixed sum signal equalizer 117 is shown in FIG. 5B. By way of 
example, the fixed sum signal equalizer 117 includes a bandpass filter which 

15 has -3 dB frequencies at 200 Hz and 7 KHz and rolls off at 6 dB per octave. 
The 200 Hz to 7 KHz bandwidth of the bandpass filter approximates the 
operating range of the dynamic sum signal equalizer 21 of the dynamic stereo 
image enhancement system 10 of FIG. 2. 

It should tye noted that the equalization characteristic of the fixed sum 

20 signal equalizer 117 rolls off below 200 Hz at 6 dB per octave to avoid overly 
emphasized bass. Moreover, there is very little difference signal in that 
range, so that the processed sum signal in that range does not have to be 
boosted very much. 

As discussed further herein, further amplification of the processed sum 

25 signal (L+R)p is provided by a gain controUed amplifier 127 which also 
provides for artificial reverberation compensation. Such amplfication may 
also be provided, at least in part, by the fixed sum signal equalizer 117. 

The equalization characteristfcs of the fixed equalizers 115, 117 and 
the gains associated with the processed sum and difference signals are 

30 intended to approximate the average behavior of the dynamic enhancement 
system 10 of FIG. 1 for a large variety of recordings. Thus, the difference 
signal components in the frequency ranges that statistically include predomi- 
nantly quiet components are boosted relative to the difference signal 
components in the frequency ranges that statisticaUy include predominantly 

35 louder components. The louder componaits of the difference signal are 
typically in the mid^-ange, and the quieter components are <m either side of 



wo 87/06090 



PCT/US87/00099 



28 

1 the mid^range. Particularly, the difference signal compon«its in the mid- 
range are attenuated to a greater degree than the difference signal compo- 
nents on either side of the mid^*ange. The equalized signal is then boosted so 
that the difference s%n£LL components on either side of the mid-^ange are 

5 boosted relative to the difference signal components in the mid-range. 

The enhancement system 110 further includes a feedback and reverber- 
ation control circuit 40 which is substantially similar ^ the feedback and 
reverberation control circuit 30 of FIG. 3. The control circuit 40 cooperates 
with other elements in the sfystem to provide for automatic adjustment of 

10 stereo enhancement and for reverberation compensation. 

The control circuit 40 is responsive to the difference signal (L-R) 
provided by the difference circuit 111 and the sum signal (L+R) provided by 
the summing circuit 113. The control circuit 40 provides a gain control signal 
CTRL for controlling the gain controlled amplifier 125 which varies the gain 

15 applied to the equalized difference agnal provided by the fixed difference 
signal equalizer 115. The control circuit 40 is ftirther responsive to the 
amplified difference s^nal provided by the gain controlled amplifier 125. 
Particularly, the output of the gain controlled amplifier 125 would be 
provided to the bandpass filter 36 of the control circuit 30 of FIG. 3. 

20 The control circuit 40 controls the gain controlled amplifier 125 so as 

to maintain a constant ratio between the sum signal (L+R) provided by the 
summing circuit 111 and the difference signal provided by the gain controlled 
amplifier 125. 

The control circuit 40 fiirther provides a reverberation control signal 
25 RCTRL to the gain controlled amplifier 127 which provides for reverberation 
compensation. By way of example, the gain controlled amplifier 127 may be 
an appropriate voltage controlled amplifier. 

The reverberation filter 129 is a variable rejection filter that includes 
two one octave wide filters respectively centered at 500 Hz and 1.5 KHz, and 
30 each having a low Q to provide sufficient bandwidth. Each of the fUters of 
the reverberation filter 129 may be similar to one of the equalizer bands in 
the dynamic difference signal equalizer 19 of the dynamic stereo image 
enhancement system 10 of FIG. 2, and provides a maximum attenuation of 12 
dB for the maximum level of the reverberation control signal RCTRL. An 
35 alternative reverberation filter is ^own in FIG. 11 and described below. 
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1 By way of example, the gain controlled amplifier 125 may be an 

appropriate voltage controlled amplifier. The processed sum signal (L+R)p 
output of the gain controlled amplifier 127 is provided to a fixed terminal of 
a potentiometer 123 which has its other fixed terminal coupled to ground. 

5 The wiper contact of the potentiometer 123 is coupled to a mixer 121 which 
therefore receives the processed sum s^al (L+R)p havii^ a level controlled 
by the potentiometer 123. 

The processed difference signal (L-R)p output of the reverberation 
filter 129 is coupled to a fixed terminal of a potentiometer 119 which has its 

10 other fixed terminal coupled to ground. The wiper contact of the potentio- 
meter 119 is coupled to the mixer 121 which therefore receives the processed 
difference signal ih-R)^ having a level controlled by the potentiometer 119. 

The gain controlled amplifier 127 and the reverberation filter 129 are 
preferably controlled by the reverberation control signal RCTRL so that the 

15 resulting increase in the processed sum signal (L+R) provided by the gain 
controlled amplifier 127 is less than the decrease in the processed difference 
signal (L-R)p provided by the reverberation filter 129. Increasing the level of 
the processed sum signal (L+R)p provided by the gain controEed amplifier 127 
is to provide for a sufficient level of the processed" suiii signal (1>+R)p to 

20 compensate for any artificial reverberation not sufficiently attenuated by the 
reverberation filter 129. 

The left and right subsonically filtered input signals L.^^ and R.^ are 
■provided as further inputs to the mixer 121. The mixer 121 combines the 
processed difference signal {L-R)p and the processed sum signal (L+R)p with 

25 the left and right input signals Lj^^ and Rj^ to provide left and right output 
signals L^^^. and R^^^. The mixer 121 may be similar to the mixer 25 of the 
dynamic stereo enhancement system 10 of FIG. 1, and would provide the left 
and right output signals L^^^, R^^^^ in accordance with the folio Wii^: 

hut ""^in* KT^{L+R)p + K2(I^R)p (Equation 3) 

Rout = Riu + K^(L+R)p-K2(I^R)p (Equation 4) 

The value of is controlled by the potentiometer 123; and the value 
35 of K2 is controlled by the potentiometer 119. 
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1 The potentiometers 119, 123 are user eontroHed elements to allow the 

user to control the levels of the processed difference s^al (L-R)p and the 
processed sum signal (L+R)^ that are mixed by the mixer 121. For example, 
the potentiometers 119, 123 may be adjusted to minimize the processed 

5 difference signal and to maximize the processed sum signal. With such 
adjustment, the listener would hear primarily any center stage soloist present 
in the recording being played. 

The left «uid right output signals L^^^ and R^^^ are provided to the 
sound p«f^ective correction system 200 of the stereo enhancement system 

10 300 of FIG. 1 Alternatively, as discussed relative to FIG. 1, to the extent 
that the sound perspective correction system 200 is not utilized, the left and 
right output signals L^^^ and R^^^ are appropriately provided, for example, 
to the tape monitor loop input of the preamplifier that provided the left and 
right stereo signals L and R. 

15 D. The Perspective Correction System 

The sound perspective correction system 210 of FIG. 6 provides 
perspective correction for (a) speakers located in front of the listener ("front 
located speakers"}; (b) headphones; and (c) speakers located to the side of the 
listener ("side located speakers"), such as those in automobile doors. As used 

20 herein, the term headphones shall refer to aU headphones, including those 
sometimes characterized as airline headsets. Generally, headphones can be 
categorized as being (a) circumaural where the earcup surrounds the entire 
large outer ear known as the pinna, (b) supraaural where the earcup sits on 
the outer surface of the pinna, and (c) intraaural where the earcup- fits within 

25 the entrance to the ear canal. 

Referring specifically to FIG. 6, the sound perspective correction 
system 210 includes a summing circuit 211 and difference circuit 213 which 
are both respcaisive to left and right input L.^^ and Rj^ signals provided by a 
stereo image enhancement system as described above or by a stereo sound 

30 reproduction system (not shown). For example, as discussed £±>ove relative to 
the stereo enhancement system 300 of FIG. 1, the left and right input signals 
Ljj^ and may be provided by the preamplifier tape monitor loop output of 
such a stereo system. 

The summing circuit 211 adds the left and rfeht input signals and 

35 Rj^ to provide a sum signal (L+R), and the difference circuit 213 subtracts 
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1 the right signal Rj^^ from the left signal Lj^ to provide a difference signal (L- 
R). 

The sum ^nal (L+R) is provided to the input of a fixed sum signal 
equalizer 215 which provides for one equalization output that is coupled to 

5 the switchable terminal 2 of a two-p<Kition switch 217. The switchable 
terminal 1 of the two-position switch 217 is coi^led to the output of the 
summing circuit 211. The switched terminal of the switch 217 provides a 
switched sum signal (L+R)^. 

The difference signal (L-R) is provided to the input of a fixed 

10 difference signal equalizer 221 which provides for one equalization output 
that is coupled to the switchable terminal 1 of a two-position switch 223. 
The switch 223 is ganged together with the switch 217 so that each is in the 
same corre^onding position. The switchable terminal 2 of the switch 223 is 
coupled to the output of the difference circuit 213. The switched terminal of 

15 the switch 223 provides a switched difference signal (L-R)g. The ganged two- 
position switches 217, 223 are controlled by the user, and are set as a 
function of whether (a) front located speakers are to be used, or (b) 
headphones or side located speakers are to be used. It should be readily 
apparent that in position 1, the fixed sum signal equalizer 215 is bypassed, 

20 and in position 2 the fixed difference signal equalizer 221 is bypassed. 

The switched terminal of the switch 217 is connected as an input to a 
mixer 225, and the switched terminal of the switch 223 is also connected as 
an input to the mixer 225. The mixer 225 combines the switched sum signal 
(L+R)g and the switched difference signal (I/-R)g to provide left and right 

25 output signals L^^^ and R^^^. Particularly, the left and right output signals 
^out ^out provided by the mixer 225 in accordance with the 
following: 

L^„^ = (L+R)g + (L-R)g (Equations) 

30 

R^m = (L+R)g - (L-R)g (Equation 6) 

Position 1 of the switches 217, 223 corresponds to sum and difference 
signals for use with front located speakers. Position 2 of the switches 217, 
35 223 corresponds to sum and difference s^nals for use with headphones or side 
located q)eakers, such as in an automobile. 
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From the foregoing it should be evident that only the difference signal 
is equalized when front located speakers are utilized, and that only the sum 
signal is equalized when headphones or side located speakers are utilized. 

Referring again to the fixed sura signal equalizer 215 and to the fixed 
difference agnal equalizer 221, each includes a plurality of equaUzation 
bands which are about one-third octave wide. The foUowing Tables I and H 
set forth the respective center frequencies of such equalizer bands and the 
amount of equalization provided. 

Table I sets forth the equalization provided by the fixed difference 
signal equalizer 221 for the output connected to the switehable terminal 1 of 
the switch 223. As discussed above, the fixed sum signal equalizer 215 is 
bypassed when the switches 217, 223 are in position 1 (front speakers). 

TABLE I 

Difference S^nal 

Center Freq Equalizer 

500 Hz +5.0dB 
1 KHz + 7.5 dB 

8 KHz +15.0 dB 

Table n sets forth the equalization provided by the fixed sum signal 
equalizer 215 for the output connected to the switehable terminal 2 of «ie 
switch 217. As discussed above, the fixed difference signal equalizer 221 is 
. bypassed when the switches 217, 223 are in position 2 (headphones or side 
i^eakers). 

TABLE n 



Center Freq 

500 Hz 
1 KHz 
8 KHz 



Sum^gnal 
Equalizer 

-5.0 dB 

-7.5 dB 

-15.0 dB 
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1 The values set forth in Table I are representative values only and may 

be modified on the basis of factors including^ speaker location and speaker 
characteristies. Similarly, the values set forth in Table n are representative 
values only, and with side located speakers may be modified on the b6isis of 

5 factors including speaker location and speaker characteristies. With head- 
phones, the values of Table H may also be modified on the basis of factors 
including the type of headphone, as well as specific headphone characteris- 
tics. 

It should be noted that the ^ualization for headphones may differ firom 

10 the equalization for side placed speakers. With side h}cated speakers, the 
sound reaches the ear with little interference. However, with headphones, 
the combined structure of the headphones and the ear influences the 
spectrum of the sound reaching the eardrum. Moreover, the concha (the 
section leading into the ear canal) and part of the ear canal may be occluded 

15 by the headphone structure, which would further influence the spectrum of 
sound reaching the eardrum. A discussion of the effects of airline entertain- 
ment headsets on sound reproductfon is set forth in "Some Factors Affecting 
the Performance of Airline Entertainment Headsets," S. Gilman, J. Audio 
Eng. Soci, Vol. 31, No. 12, December 1983, pp. 914-920. 

20 The equalization provided by the sound perspective control system 210 

can be further understood by reference to FIGS. 7A through 7D. FIG. 7A 
represents a statistical average frequency response of the human ear to sound 
emanating from zero degrees azimuth or straight ahead (herein the "front 
response"). FIG. 7B represents a statistical avert^e frequency response of 

25 the human ear for sound emanating from 90 degrees azimuth as measured 
relative to stra%ht ahead (herein the "^ide re^nse"). 

FIG. 7C is the front response relative to the side re^onse, Le., the 
response of FIG. 7A (front) minus the response of FIG. 7B (side). Equalization 
is required for sounds which should be emanatii^ from the front but with side 

30 located speakers or headphones are emanattog from the sides. The response 
of FIG. 7C is indicative of the equalization that would restore front sounds to 
their appropriate levels wh«i such souncb are reproduced by side located 
speakers ot headphones. 

FIG. 7D is the side response relative to the front response, i.e., the 

35 response of FIG. 7B (side) minus the response of FIG. 7A (front) provides the 
re^onse of FIG. 7D. Equalization is required for sounite which should be 
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1 emanating from the sides but are emanating from the front. The response of 
FIG. 7D is indicative of the equalization that would restore side sounds to 
their appropriate levels when such sounds are reproduced by forward placed 
speakers. 

5 The equalization characteristics of the equalizers 215, 221 are based on 

the response of FIGS. 7C and 7D, but do not provide the entire equalization 
indicated by such responses. It has been determined that equalization bands 
of one-third octave widths respectively centered at 500 lEfe, 1 KHz, and 8 
KHz are sufficient. The characteristics of each equalization band have been 

10 discussed previously. 

The foregoing has been a disclosure of a stereo sound perspective 
correction system which provides for a stereo image having a corrected 
stereo sound perspective. It is readily utilized with or without the disclosed 
stereo image enhancement systems. Its use with a stereo image enhancement 

15 system would provide for a stereo ime^e which is wider, a greater listening 
area when used with speakers, and proper sound perspective. 

The disclosed implementation of the sound perspective correction 
system of the invention is not complex and effectively utilizes only a few 
narrow equalization bands. As discussed above, the relative responses of the 

20 front and side responses to one another tend to indicate that wider ranges of 
equalization should be utilized, but the few narrow equalization bands have 
been found to be a reasonable approximation over the entire audio bandwidth. 

As previously mentioned, principles of the present invention are appli- 
cable either for playback of conventional stereo sound recordings or for the 

25 manufacture of unique stereo sound rec<Hrdii^ wlach will provide advantages 
described above when played back through conventional sound re^onsive 
systems. Thus, as illustrated in Fig. 8, for playback of a conventional sound 
recording, an exemplary system having the enhancement described herein 
includes a convraitional playback ai^aratus 300 which may re^ond to a 

30 digital record, such as a laser disc, a phonograph record, a magnetic tape, or 
the sound channel on video tape or motion picture fUm. The playback 
apparatus provides left and r^ht channel stereo signals L,R to a preamplifier 
302 from which the left and right signals are fed to the stereo image 
enhancement system 100 described above to provide processed oulput signals 

35 L^^^ and R . fed either directly to a pair of conventional loud^eakers 304, 
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1 306 or fed to the speakers via the perspective correction system 200 
previously described. 

A similar arrangement is used in making a recording that will itself 
bear data in the form of physical grooves of a phonogrjiph record, magnetic 

5 domains of a magnetic tape or like medium, or digital infwmation that may 
be read by optical means. Such data defines left and right stereo signals 
formed of signal components that, whwi played back on a conventional sound 
reproducing system, produce aU of the advantages described above. Thus, as 
illustrated schematically in Fig. 9, a recording system for making a sound 

10 recording embodying principles of the present invention may receive left and 
right stereo input signals from either a pair of microphones 310 or a 
conventional stereo playback system 312 which is adt^Jted to provide left and 
right stereo input signals L,R- The playback system 312, like the system 300 
of Fig. 8, may provide its output signals from any conventional record 

15 medium including digital records such as a laser disc, phonograph records, 
magnetic tape, or video or film sound track media. 

Ganged switches 314, 316 schematically indicate in FIG. 9 that the 
system may use either left and right signals from a playback device or the 
left and r%ht s^nals from a pair of microphones. These signals are fed to a 

20 preamplifier 318 and thence to the stereo image enhancement circuit 100 
described above. From the stereo image enhancement circuit 100, the 
processed left and right ou^ut signals are fed either directly to a recording 
device 320 or indirectly to the recording device via the above described 
perspective correction circuit 200. The recording device conventionally 

25 records the left and right output signals L^^^ and B.^^^ on a record medium 
322 which may be any one of the record medium types commonly employed. 
It will be noted that the ou^ut signals L^^^ and R^^^ that are fed to 
recordii^ device 320 are derived, in the case of the stereo image enhance- 
ment, from mixer 25 of Fig. 2 or mixer 21 of Fig. 4, or in the case of the 

30 perspective correction from the mixer 225 of Fig. 6. 

The output signal L^^^^ recorded on the medium 322 includes the several 
left channel ou^ut s%nal components described, namely the described 
combination of L.^^ + Kj(L+R)p + K2(L-R)p for the left channel ou^ut. 
Similarly, the ou^ut signal R^jy^ is recorded upon the record medium by the 

35 recording apparatus and includes the components described above as Rj^^ + 
Ki(L+R)p-K2<L-R)p- 
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1 The record medium 322, when recorded with the arrai^ement illustra- 

ted in Fig. 9, is simply played back on a conventional sound recording 
re^onsive device to provide the above-described advantages. These advan- 
tages are derived from the fact that the record medium so produced 

5 embodies signal-producing means that cooperates with the sound recording 
responsive device to produce left and right output signals that comprise a 
combination of signal components including a processed difference signal and 
a processed sum signaL Hie E»:ocessed difference signal is a modification of 
an input difference s^nal formed in the stereo image enhancement circuit 

10 100. This input difference signal represents the difference of the left and 
right input signals L and R, and as previously described, has relative 
amplitudes of certain components modified to boost those of its components 
that are within frequency bands wherein the input difference signal has 
lowest amplitude relative to those components of such input difference signal 

15 that are within frequency bands wherein the input difference signal compo- 
nents have highest amplitude. Similarly, the recording will produce a right 
stereo output signal component as a processed sum signal formed in the 
stereo image enhancement circuit 100. This processed sum signal component 
is a modification of the sum of the left and right channel input signals, and, 

20 as previously described, has relative amplitudes of certain components 
modified to boost those of its components in frequency bands where the input 
difference signal has higher amplitudes relative to those components of the 
input sum signal that are within frequency bands where the difference signal 
has lower amplitude. Thus, the record cooperates with the sound respoiKive 

25 system to cause the q>eakers to produce left and right stereo signals each . 
havir^ aim and difference components wherein amplitudes of such com- 
ponents are relatively deemphasized or boosted, re^ective^, within those 
frequen<qr bands wherein the difference signal has lower amplitudes. More- 
over, the operation of the gain control amplifier 22 and control circuit 30 of 

30 Fig. 2, and the corresponding circuits of Fig. 4 cause the stereo output signals 
produced by playback of record 322 to have a substantially constant ratio of 
the sum signal to the modified or processed differaiee signal, all as 
previously described. 

When the system of Fig. 9 is employed to make a record having 

35 perspective correction in addition to or instead of image enhancement, such a 
record will cooperate with the conventional stereo player to produce left and 
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1 right stereo output signals having components including a processed sum 
signal which are increasingly attenuated in frequency bands centered on 500 
Hz, 1 KHz and 8 KHz, respectively, as described above, and a component 
comprising a difference signal. Such a record is made q»cifica]]y tp be 

5 played back through a system including side mounted ^eakers. Wh»e a 
perspective corrected record made with the system of FIG. 9 is specifically 
made for playback in a system with front mounted ^eakers, the record when 
played back on a stereo player will provide left and r^ht stereo output 
s%nals wherein one output signal has compwients comprising a sum signal and 

10 a component comprising a difference signal, where such difference signal has 
amplitudes thereof increasingly boosted in frequency bands centered respec- 
tively at 500 Hz, 1 KHz and 8 KHz, as described above. Stated otherwise, 
the recording having perspective COTrection for ftont ^eakars, when played 
in a stereo player, produces a left ou^ut signal which is fwmed of the sum of 

15 a first component comprising the sum signal and a second component 
comprising the processed difference signal as set forth in equation 5 above 
and will provide a right ou^ut stereo signal formed of the difference 
between the sum signal and the processed difference signal as set forth in 
equation 6 above. When such a recording is made for use with side mounted 

20 ^eakers, only the sum signals in equations 5 and 6 are equalized whereas 
when the recording is made for use with front mounted speakers only the 
difference signals of equations of 5 and 6 are equalized. 

It will be seen that a method of making unique stereo sound recordings 
having stereo image enhancement, or perspective correction, or both may be 

25 carried out by the apparatus illustrated in Fig. 9. The method generally 
comprises combining left and right input s^nals to generate sum and 
difference signals, and creating a processed sum signal by selectively altering 
relative amplitudes of components of the sum signal within respective 
predetermined frequency bands so as to enhance those of the sum signal 

30 components which are within frequency bands of highest difference signal 
component amplitudes relative to those of the sum signal components which 
are within frequency bands of lowest difference signal componait amplitudes. 
The method also includes the step of creating a processed difference signal 
by selectively alterating the relative amplitude of components of the 

35 difference signal within the predetermined frequency bands so as to deemph- 
asize those of the difference signal components which are within frequency 
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1 bands where difference signal components are highest relative to those of the 
difference signed components which are within frequency bands wherein the 
difference signal components are lowest. The method also combines the left 
and right signals with the processed sum and difference signals to provide 

5 enhanced right and left output signals which are fed to a sound recording 
device to make a sound recording. Other features of the method include the 
described electronic analysis of the frequency spectrum of the difference 
signal and generation of control signals as a function of the amplitudes of the 
difference signal within respective predetermined frequency bands, and 

10 utiliidng the control signals to determine the extent to which amplitudes of 
components of the sum and difference signals are altered within the 
respective frequency bands. 

According to an important aspect of the method described herein, right 
£ind left signals are added and subtracted to generate sum and difference 

15 signals, a dynamic control signal is generated representing the amount of 
stereo in the ii^ut s^nals, the sum and difference signals are processed for 
enhancement of the ou^ut signals and at least one of the processed signals is 
modified in accordance with the amount of stereo in the input signals. A 
specific feature of this aq>eot-of-thc-niethod involves modification of one of 

20 the processed signals, which is accomplished so as to maintain a constant 
ratio between one of the sum and difference signals and the processed signal. 
In use of the described method, for making a recording that is corrected for 
- perspective with side mounted ^eakers, left and right signals are combined 
to provide sum and difference signals, the sum s^al is equalized as 

25 previous^ described and combined with the ut^rocessed difference signal to 
provide a left output formed of the sum of the processed sum signal and the 
unprocessed difference signal and to form a right ou^ut signal eomprisii^ 
the difference between the processed sum s^nal and the improcessed 
difference signaL These output signals are fed to the recording mechanism 

30 to provide a record medium having perspective correction for side motmted 
speakers. 

For front moimted ^eakers, a perspective corrected record medium is 
made by combining the right and left input signals to provide sum and 
difference signals, equalizing the difference signal as previously described, 
35 and combining the unprocessed sum signal with the equalized difference 
signal to provide a left ou-^ut formed of the sum of the improcessed sum 
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1 signal and the processed or equalized difference signal and to provide a right 
output signal formed of the difference between the unprocessed sum signal 
and the equalized difference signal. These ou^ut signals are fed to a 
recording mechanism to produce a record medium having perspective correc- 
5 tion for front speakers. 

A record made by the apparatus and method described herein is 
uniquely distinguished from other stereo records in that unique signal 
generating data is embodied in the record. Whether such data is in the form 
of variable magnetic elements, varying grooves of a phonograph record or 
10 digital information such as variations in optical reflectivity of a laser or 
d^tal disc, for example, the unique aspects of such a record medium are 
readily recognizable. Upon playback of such an unique record by convention- 
al record playing medium, stereo sound will be produced having all of the 
above-described advantages and composed of the specified signal compe- 
ls nents. 

The amount of enhancement is continually and automatically adjusted 
by control circuit 30 and gain controlled amplifier 22 to compensate for 
• variation in the amount of stereo information from one recording to another 
when using the described system for playback of conventional recordings. So 

20 too, such continuous and automatic adjustment is embodied in a recording 
made as indicated in Fig. 9. Thus, if the stereo information contained in a 
record employed in the pla^ack system 312, or, if the stereo informati<m 
reaching the microphone pair 310, should vary either from one recording to 
the next or should vary during any given performance or recording, the 

25 described control circuit 30 and gain control amplifier 22 will result in 
adjustment of the amount of enhancement in the information recorded on the 
record medium 322 and, therefore, result in such adjustment of output signals 
when record medium 322 is played back in a conventional system. 

As described above and illustrated in PIG. 4^ where fixed sum and 

30 difference equalizers are employed, amplitude of the processed sum channel 
signal is boosted, and certain frequencies of the processed difference sfenal 
are attenuated under control of the reverberation control signal RCTRL, 
This arrangement provides automatic control of the amount of reverberation 
by automatically increasing the level of the processed sum channel signal and 

35 concomitantly decreasing the level of certain frequencies of the difference 
cliannel s^naL "niese increases and decreases in signal levels are effected in 
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1 the reverberation bands, as described above, to reduce boost of natural or 
artificial reverberation that may be present, which boosts is provided by the 
enhancement circuits described herein. A similar reverberation control is 
also described above in connection with the arrai^ement illustrated in FIG. 2, 

5 in which the reverberation control signal is employed to cause the dynamic 
difference signal equalizer 19 to provide further attenuation in the rever- 
beration bands and to cause the dynamic sum signal equalizer 21 to provide 
further boost to the sum signal components. 

Reverberation control illustrated in FIG. 2 may be considerably im- 

10 proved by providii^ an automatic reverberation control through the use of a 
gain controlled amplifier in the sum channel and an attenuating reverberation 
filter in the difference channeL Such an improved eurrangemrait is illustrated 
in FIG. 10, which shows a system substantially similar to that illustrated in 
FIG. 2, having many of the same components. Components which are the 

15 same in both FIGS. 2 and 10 are designated by the same reference numerals 
with the corresponding components of FIG. 10 having the prefix "4" so that 
for example, summii^ circuit 13 of FIG. 2 is the same as summing circuit 413 
of FIG. 10. The arrai^ment of FIG. 10 differs from that of FIG. 2 generally 
by providing an automatically and manually controllable reverberation con- 

20 trol signal, which is employed to control a gain controlled sum channel 
amplifier 440, and the addition of a reverberation sigfnal controlled rever- 
beration filter 429 (analogous to reverberation filter 129 of the fixed 
equalizer arrangement of FIG. 4) to handle the processed difference signal. 
In the circuit of FIG. 10 the tendency of the described enhancement circuits 

25 to provide recessive emphasis of reverberation in the inputs is automatically 
and selectively restrained. 

Control circuit 430 is identical to the control circuit illustrated in FIG. 
3 but the reverberation s^nal, RCTRL, provided from this circuit is derived 
from the manually adjustable wiper arm 442 of a reverberation control 

30 potentiometer 444, to which is fed the reverberation control signal from the 
ou^ut of amplifier 59 of FIG. 3. The reverberation control signal from wiper 
442 is fed to control the gain of the gain controlled amplifier 440 to which is 
fed the output (L + R)^ of dynamic sum s^nal equalize 421. The output of 
gain controlled amplifier 440 is fed to a potentiometer 427 for input to the 

35 mixer 425, Jist as described in connection with the output of dynamic sum 
signal equalizer 21 of FIG. 2. fii tiiis case the reverberation control signal is 
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1 not fed to the dynamic difference signal equalizer nor to the dynamic sum 
signal equalizer directly. 

The processed difference signal from the output of gain controlled 
amplifier 422 is fed to the input of a reverberation filter 429 of which the 

5 ou^ut is fed to potentiometer 423 and thence to mixer 425 just as described 
in connection with the ou^ut of the gain controlled amplifier 22 of FIG. 2. 

The reverberation filter 429 may be the same as reverberation filter 
129 illustrated in FIG. 4. However, it is presently preferred to employ a 
reverberation filter arranged as illustrated in FIG. 11, which is basically a 

10 variable attenuation band reject filter. As illustrated in FIG. 11, the 
processed difference signal (L-R)p is fed to the filter input and thence in 
parallel to a lowpass filter 450, a highpass filter 452, and a bandpass filter 
454. The output of the bandpass filter 454 is fed to a controlled attenuating 
circuit 456 having the reverberation control RCTRL as its controlling input. 

15 The three outputs, from filters 450 and 452 and from the attenuator 456, are 
combined and fed to the inverting input of a differential amplifier 458 having 
its noninverting input grounded, thus providing at its output 450 the gain 
controlled and reverberation filter controlled processed difference signal to 
be fed to the potentiometer 423. The filter-Sebtlbns of the reverberation 

20 filter 429 collectively provide a lowpass up to about 250 hertz, a h^hpass 
above about 4 kilohertz, and a controlled attenuation bandpass between about 
400 hertz and 2.5 kilohertz. 

Therefore, in a manner similar to the operation of the fixed equali- 
zation arrangement of FIG. 4, the circuit of FIG. 10 provides for sensii^ of 

25 the amount of reverberation, whether natural or artificial, in the input 
signals and provides a reverberation control s^al RCTRL based upon such 
sensed reverberation. The control signal RCTRL boosts the processed sum 
signal and attenuates a frequency band of the processed difference signal so 
as to automatically control the effect of the described enhancement system 

30 on the amount of reverberation in the iiq>ut signaL The automatic control of 
reverberation is manually selectable by manual control of the potentiometer 
444, a feature that is of great importance in the recording industry. Close 
selective adjustment of the amount of reverberation is required in making a 
recording, and in particular in making a new or re-recording of an old 

35 recording. Thus any undesired enhancement of reverberation that may be 
introduced by the described enhancement circuitry is readily avoided by the 
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1 automatic control of both sum and difference channels and by the manually 
selectable control of the level of the reverberation control signal itself. Of 
course the manual control of the level of the reverberation control signal as 
illustrated in FIG. 10 may be readily applied to obtain manual control of the 

5 level of the reverberation control signal RCTRL shown in the circuit of FIG. 
4, which is fed to control the reverberation filter 129. 

Overall, the foregoing has been a disclosure of systems for substantially 
improving the stereo ima%e resultii^ from recorded performances, both in 
playback of conventional reccatls and in the production of improved re- 

10 cordings. Such systems are readily utilized with standard audio equipment 
and are readily added to installed audio equipment. Further, the disclosed 
systems may be easily incorporated into preamplifiers and/or integrated 
amplifiers. Such incorporation may include provisions for bypassing the 
disclosed systems. 

15 The disclosed stereo enhancement system is readily implemented using 

analog techniques, digital techniques, or a combination of both. Further, the 
disclosed stereo enhancement system is readily implemented with integrated 
circuit techniques. 

Also, the disclosed systems may be utilized with or incorporated into a 

20 variely of audio systems includii^ airline entertainment systems, theater 
sound systems, recording systems for producii^ recordii^ which include 
image enhancement and/or perspective correction, and electronic musical 
instruments such as organs and synthesizers. 

Further, the disclosed systems would be particularly ilseful in automo- 

25 tive sound ^sterns, as weU as sound systems for other vehicles such as boats. 

Although the foregoii^ has been a description and illustration of 
specific embodiments of the inventim, various modifications and changes 
thereto can be made by persons ^cilled in the art without d^artii^ from the 
scope and spirit of the inventim as defined by the following claims. 
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CLAIMS 

What is claimed ts; 

1 1. A stereo image enhancement system for use in a stereo system having 
respective left and right signals, comprising: 

means for providing the sum of the left and right s^nals as a sum 
signal and for providing the difference between the left and right 
5 signals as a difference s%nal; 

processing means re^<»isive to said sum and difference signals for 
selectively altering the relative amplitudes of comp<ments of said 
difference signal within re^ective predetermined frequency bands so as 
to boost difference signal components as an inverse function of the 
10 level of difference signal components within said respective frequency 

bands to provide a processed difference signal, and for selectively 
altering the relative amplitudes of components of said sum signal within 
said req>ective predetermined bands so as to boost sum signal compo- 
nents as a function of the level of difference signal components within 
15 said req>ective frequency bands to provide a processed sum signal; and 

means for combining said processed difference signal, said pro- 
cessed sum signal, and the left and right signals to provide left and 
right output signals. 

1 2. The stereo image enhancement system of claim 1 wherein said pro- 
cessing means comprises: 

analytical means for analyzing the frequency ^ectrum of said 
difference signal for providing ccmtrol signals re^ectively associated 
5 with said predetermined frequency bands as a function of the ampli- 

tudes of components of said difference signal within said respective 
frequency bands; 

first equalizing means responsive to said control signals for 
attenuating components of said difference s^nal as a function of said 
10 control signals so that louder components of said difference signal are 

attenuated more than quieter components of said difference signal; 

second equalizing means resp<MJsive to said control signals for 
boosting components of said sum s^nal within said predetermined 
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frequency bands as a function of said control signals to provide said 
15 processed sum signal; and 

conteol means for amplifying said attenuated difference signal to 
provide said processed difference signed. 

1 3. The stereo image enhancement system of claim 2 wherein said first 
equalizing means further provides predetermined fixed attenuation of se- 
lected difference signal compcHients. 

1 4. The stereo im^e enhancement system of claim 3 wherein said selected 
difference signal components include difference signal components between 1 
KHz and 4 TSSz. 

1 5. The stereo im^e enhancement system of claim 2 wherein said control 
means amplifies said attenuated difference signal as a function of the 
magnitude of the said processed difference signal relative to that of the sum 
signal to provide a substantially consistent stereo image for differing 

5 amounts of stereo information within a given recording or between different 
recordir^s. 

1 6. The stereo image enhancement system of claim 5 wherein said control 
means maintains said processed difference signal and said sum signal at a 
constant ratio. 

1 7. The stereo image enhancement system of claim 6 whM-ein said control 
means comprises: 

means for amplifying said attenuated difference signal to provide 
said processed difference signal; and 
5 gain control means re^<»isive to said sum signal and said pro- 

cessed difference s^nal for controllii^ the gain of said ampUfjring 
means to maintain said coiBtant ratio. 

1 8. The stereo image enhancement system of claim 2 wherein said control 
means further monitors the relative magnitudes of said sum signal «md said 
difference signal to detect conditions indicative of the presence of artificial 
reverberation, and controls said second equalizing means pursuant to detec- 
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tion of conditions indicative of the presence of artiflcial reverberation to 
compensate the effects of artificial reverberation. 

9. The stereo image enhancement system of claim 8 wherein said control 
means controls said second equalizii^ means to provide further attenuation in 
selected ones of said predetermined frequency bands pursuant to detection of 
conditions indicative of the presence of artificial reverberation. 

10. The stereo image enhancement system of claim 9 wherein said control 
means further controls said first equalizing means pursuant to detection of 
conditions indicative of the presence of artificial reverberation to compai- 
sate the effects of artificial reverberation. 

11. The stereo image enhancement system of claim 10 wherein said cwitrol 
means controls said first equalizing means to provide further boost in 
selected ones of said predetermined frequency bands pursuant to detection of 
conditions indicative of the presence of artificial reverberation. 

12. The stereo image enhancement system of claim 11 wherein said control 
means monitors the ratio between said sum signal and said difference signal, 
and controls said first equalizing means and said second equalizing means 
when said ratio exceeds a predetermined value. 

13. The stereo enhancement ^stem of claim 2 wherein said anal^cal 
means comprises a i^oectrum analyzer. 

14. The stereo enhancement system of claim 13 wherein said first and 
second equalizii^ means re^ectively comprise a first multi-band dynamic 
equalizer and a second multi-band dyraimic equalizer. 

15. The stereo enhancement system of claim 14 wherein said ^ectrum 
analyser and said first and second multi-band dynamic equalizers re^>ectlvely 
include predetermined frequency bands centered at 125 Hz, 250 Hz, 500 Hz, 1 
KHz, 2 KHz, 4 KHz, and 8 KHz. 
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1 16. A stereo ^ihancement ^stem for use with a stereo sound reproduction 
system having respective left and right signals, comprisir^i 

means for providing the difference of the left and r^ht signals as 
a difference signal and for providing the sum between the left and right 
5 signals as a sum signal; 

analytical means responsive to said difference signal for deter- 
mining the frequency content of said difference signal; 

first equalizing means re^onsive to said analytical means for 
selectively attenuating components of said difference signal as a 
10 function of the frequency content of said difference ^nal to provide a 

processed difference signal; 

second equalizing means responsive to said analytical means for 
selectively boosting components of said sum signal as a function of the 
frequency content of corre^onding components of said difference 
15 signal to provide a processed sum signal; 

enhancement and reverberation control means for controlling the 
ratio between said sum s^nal and said processed difference s^nal, and 
for contronir^ said first and second equalizing means to compaisate for 
the effects of artificial reverberation; and 
20 means for selectively combining said processed sum signal, said 

processed difference signal, and the left and right signals to provide 
left and r%ht output signals. 

1 17. A stereo enhancement ^stem for use with a stereo sound reproduction 
system having re^eetive left and r^ht sfenals, comprising: 

means for providing the difference of the left and right agnals as 
a difference signal and for providing the sum of the left and right 
5 signals as a sum s^nal; 

processing means re^onsive to said sura and difference signals for 
selectively altering the relative amplitudes of components of said 
difference signal so as to boost selected difference signal components 
relative to other difference signal components to provide a processed 
10 difference signal, and for selectively alterii^ the relative amplitudes of 

said sum signal so as to boost selected sum s^nal components relative 
to other sum signal components to provide a processed sum signal; and 
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means for combining said processed sum and difference signals 
and the left and right signals to provide processed left and r%ht signals. 

18. The stereo enhancement system of claim 17 wherein said processing 
mesms comprises: 

first equalizing means for selectively attenuating difference sig- 
nal components so as to attenuate frequencies that statistically include 
louder components more than frequencies that statistically include 
quieter components; and 

second equalizing means for selectively passing sum signal com- 
ponents within a predetermined frequency range which statistically 
includes difference signal components, and for attenuatii^ sum signal 
components outside said predetermined frequency range; 

control means for amplifying said selective passed sum signal to 
provide said processed sum signal and for amplifying said selectively 
attenuated difference signal to provide said processed difference signaL 

19. The stereo enhancement system of claim 18 wherein said first and 
second equalizing means respectively include a first fixed equalizer and a . 
second tixed equalizer. 

20. The stereo enhancement ^stem of claim 18 wherein said control means 
' selectively amplifies said selectively attenuated difference signal as a 

function of its magnitude relative to that of the sum signal to provide a 
substantially consistent stereo image for differing amounts of stereo infor- 
mation within a given recording or between different recordhigs. 

21. Itie stereo enhancement system of claim 20 wherein said control m^uis 
maintains said amplified difference signal and said sum signal at a c<»i9tant 
ratio. 

22. "Hie stereo enhancement system of claim 21 wherein said control means 
comprises: 

means for amplifying said selectively attenuated difference sig- 
nal; and 
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5 gain control means responsive to said sum signal and said ampli- 

fied difference s%nal for controlling the gain of said amplifyii^ means 
to maintain said constant ratio. 

^ 23. TTie stereo enhancement system of claim 18 wherein said control means 
monitors the relative magnitudes of said sum signal and said difference signal 
to detect conditions indicative of the presence of artificial reverberation, 
and further filters said amplified difference signal to compensate the effects 

5 of artificial reverberation. 

1 24. The stereo enhansement system of claim 23 wherein said control means 
further includes a variable rejection filter for variably attenuating selected 
components of said amplified difference signal to compensate the effects of 
artiHcial reverberation. 

1 25. The stereo enhancement system of claim 24 wherein said control means 
further amplifies said selective]^ passed sum signal to compensate the 
effects of artificial reverberation. 

1 26. The stereo enhancement system of claim 25 wherein said control means 
includes a gain controlled amplifier for amplifying said selectively passed 
sum signal to compensate the effects of artificial reverberation. 

1 27. The stereo enhancement system of claim 26 wherein said control means 
monitors the ratio between said sum signal and said difference signal, and 
controls said variable rejection filter and said gain controEed amplifier when 
said ratio exceeds a predetermined amount. 

1 28. A sound perspective correction system for use in a stereo system having 
respective left £md right signals, comprising: 

means for providing the sum of the left and right signals as a sum 
signal and for providuig the difference between the left and right 
5 s^nals as a difference si^ial; 

first means for equalizii^ said sum signal within predetermined 
frequency bands to provide a processed sum signal, said first equalizing 
means selective attenuatii^ said sum signal within said predetermined 
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frequency bands when the sound perspective correction system is 
10 utilized with headphones or speakers located to the sides of the 

listener; and 

second means for equalizing said difference signal within said 
predetermined frequency bands to ^ovide a processed difference 

signal, said second equalizing means selectively boosting said difference 
15 s^al within said predetermined frequency bands when the sound 

perspective correction system is utilized with speakers located in front 
of the listener; 

means for selectively combining said processed sum and dif- 
ference signals, to provide processed left and right signals. 

1 29. The sound perspective correction system of claim 28 wherein said first 
equalizing means includes a first fixed equalizer, and wherein said seeorrf 
equalizing means includes a second fixed equalizer. 

1 30. The sound perspective correction system of claim 29 wherein said first 
and second fixed equalizers have equalization bands of about one-third octave 
width. 

1 31. The sound perspective correction system of claim 30 wherein said first 
and second fixed equalizers, respectively, have three equalization bands. 

1 32. The sound perfective correction system of claim 31 wherein said three 
equalization bands are centered at 500 Hz, 1 KHz, and 8 KHz. 

1 33. A method of deriving stereo enhanced signals from the left and right 
signals of a stereo sound system comprising the stqps of i 

a. electronically adding said left and right signals so as to 
generate a sum signal, and electronically siditractii^ one of said left 

5 and right signals from the other to generate a difference signal; 

b. creating a processed sum signal by selectively altering the 
relative amplitudes of components of said sum s^al within respective 
predetermined frequency bands so as to enhance those of said sum 
signal components which are within frequency bands of highest dif- 

10 ference signal component amplitudes relative to those of said sum 
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signal compOTents which are within frequency bands of lowest dif- 
ference s^nal component amplitudes; 

c. creating a processed difference signal by selectively al- 
tering the relative amplitudes of components of said difference signal 

15 within said predetermined frequency bands so as to deemphasize those 

of said difference signal components which are within frequency bands 
wherein said difference signed components are highest relative to those 
of said difference signal components which are within frequency bands 
where&i said difference signal components are the lowest; and 

20 d. combining said left and r^ht s^nals with said processed 

difference signal, and with said processed sum signal to provide stereo 
enhanced left and right output signals. 

1 34. The method of claim 33 wherein said steps of creating processed sum 
and difference signals are augmented by the step of electronically analyzing 
the frequency spectrum of said difference signal and generating a set of 
control s^nals as a function of the amplitudes of said difference signal within 

5 said re^ective predetermined frequency bands, and utilizing said control 
signals to determine the extent to which tiie amplitudes of components of 
said sum and difference signals are altered within said re^ective frequency 
bands. 

^ 35. The method of claim 33 additionally including the additional step of 
continuaUy and automatically amplifying said processed difference signal as a 
function of its magnitude relative to that of said sum signal so as to maintain 
a substantially consistent stereo s^aration between said left and r^ht 

S s^nals for dif ferii^ amotmts of stereo information within a given recording 
or between different recordii^ 

1 36. The method of claim 35 wherein said step of continually and auto- 
matically amplifying said processed differraice signal is performed so as to 
maintain a constant ratio between said processed difference signal and said 
sum signaL 

1 37. The method of claim 33 including the additional step of selectively 
boostii^ compcments of said sum signal, and selectively attenuating com- 



wo 87/06090 



PCT/US87/00099 



51 

ponents of said difference s^nal within selected ones of said predetermined 
frequency bands in order to prevent inappropriate boosting of artificial 
5 reverberation information in said difference sfenaL 

1 38. The method of claim 37 wherein said step of continually and auto- 
matically amplifying is accomplished by averaging the sum of (a) the inverted 
peak envelope of said sum signal, and (b) the non-inverted peak envelope of 
said difference signal so as to generate a reverberation control signal, and 

5 boosting and attenuating components of said sum and difference signals, 
re^ectively, as a fimction of said reverberation control signal. 

1 39. The method of claim 33 wherein the step of combining each of said left 
and right signals with said processed difference sfenal and with said processed 
sum signal is in accordance with the equations: 

^out = ^in ^1 * ^2 ^^^>p' 

^out = «in + Kl^I'*a>p + K2t^R>p, 

stereo enhanced left ou^ut signal, 
stereo enhanced right output signal, 
processed sum signal, 
processed difference signal, 

left signal, 
right signal, 

first independent variable, and 
second independent variable. 

1 40. The method of claim 33 wherein the step of creating a processed sum 
signal is performed by selective^ boostii^ said sum signal components in 
given ones of said flrequency bands in direct proportion to the magnitude of 
said difference signal components in said given ones of said frequency bands. 

1 41. The method of claim 40 wherein the step of creating a processed 
difference signal is performed by selectively boosting said difference signal 
components in given ones of said frequency bands in inverse propwtion to the 



out 

^out = 
{L+R)p = 

(L-R)p = 

hn = 
^in = 
% = 
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magnitude of said difference sign£il components in said given ones of said 
5 frequen<^ bands. 

1 42. A method of deriving stereo enhanced signals from the left and right 
signals of a stereo sound system comprising the st^ of: 

a. electronically addir^ said left and r%ht signals so as to 
generate a sum signal, and electronically subtracting one of said left 

5 and right signals from the other to generate a difference signal; 

b. creating a processed sum signal by selectively altering the 
relative amplitudes of components of said sum sifenal so as to boost 
selected sum dgnal components relative to other sum s^nal com- 
ponents; 

10 c. creating a processied difference signal by selectively al- 

tering the relative amplitudes of components of said difference signal 
so as to boost selected difference signal components relative to other 
difference signal components; and 

d. combinii^ said left and right signals with said processed 

15 difference s^nal, and with said processed signal to provide stereo 

enhanced left and r^ht output signals. 



1 43. The method of claim 42 wherein said step of creating a processed sum 
. signal includes the steps of: 

filtering said sum dgnal so that conq>onents outside a pre- 
determined frequency range which statistical^ includes difference sig- 
5 nal components are attenuated; and 

amplifying the filtered sum s%nal. 

1 44. The method of claim 42 wherein said step of creating a processed 
difference signal includes the steps of: 

selectively attenuating diff^ence signal components so as to 
attenuate frequencies that statistically include louder components more 
5 than frequencies that statistically include quieter components; and 

amplifying the selectively attenuated difference signal signal so 
as to boost selected difference signal con^nents relative to other 
difference sfenal components. 
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45. A sound perspective correction system for use with a stereo sound 
reproduction system having respective left and right signals, comprisii^ 

means for providing the sum of the left and right signal as a sum 
signal and providing the difference between the left and right signals as 
a difference signal; 

first means for equalizing said sum signal within predetermined 
frequency bands to provide a processed sum signal, said first equalizing 
means including means for selectively attenuating said sum signal 
within said predetermined frequency bands to provide for perspective 
correction; 

second means for equalizing said difference signal within said 
determined frequency bands to provide a processed difference signal, 
said second equalizing means including means for selectively boostii^ 
said difference s^al within said predetermined frequency bands; 

a mixer having first and second inputs and providing left and right 
perspective corrected output signals, 

first switch means for alternatively coupling either said sum 
signal or said equalized sum signal to said first mixer Input, and • 

second switch means connected for operation together with said 
first switch means for alternative^ coupling either said difference 
signal or said equalized difference signal to the second input of said 
mixer, whereby the sound perspective correction system may be uti- 
lized with speakers located in front of or to the sides of a listener 
according to the position of said first and second switch means. 

46. The stereo image enhancement system of any one of claims 1 through 5, 
7, 10 and 15, including right and left speakers connected to receive said left 
and right ou^ut signals respectively. 

47. The stereo image aihancement system of any one of claims 1 through 5, 
7, 10 and 15 including recording means re^onsive to said means for 
combining said processed difference signals for recordii^ said left and right 

output signals on a record medium. 

48. The method of any one of claims 33, 34, 35, 36 and 38 including the step 
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of transducii^ said stereo enhanced left and right output signals into left and 
r^ht output sound signals. 

i 49. The method of any one of claims 33, 34, 35, 36, 38 and 39 including the 
step of recording said stereo enhanced left and right output signals on a 
record medium. 

1 50. The sound perspective correction system of any one of claims 28, 29, 
30, 31 and 32 including first and second sound reproducing means connected 
to re^ectively receive said processed left and right signals. 

1 51. The sound perspective correction system of any one of claims 28, 29, 
30, 31 and 32 including means responsive to said means for selectively 
combining said processed sum and difference s%nal3 for recording said 
processed left and right signals. 

1 52. A system for enhancing left and right stereo signals provided from a 
source of stereo sound comprising 

stereo ims^e enhancement circuit means for processing the left 
and r^ht ii5>ut signals to provide processed stereo signals, 
5 stereo sensu^ means responsive to left and r^ht stereo input 

signals from said source of stereo sound for sensing the amount of 
stereo in said input signals, 

first control means re^onsive to said stereo sensing means for 
generating a dynamic control s^nal r^resenting such amount of stereo, 
10 second control means responsive to said control signal for mod- 

ifyii^ one of said processed stereo senate in accordance with the 
amount of stereo in said input signal, and 

means for combinii^ said processed stereo signals to provide left 
and right output signals. 

1 53. The system of claim 52 wherein said stereo sensing means comprises 
means re^onsive to said left and right stereo ir^ut signals for providing sum 
and difference ^nals respectively representing the sum of said left and r%ht 
input signals and the difference of said left and right input signals, and 

5 wherein said first control means includes means responsive to said sum and 
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difference signals for generating said dynamic control signal as a function of 
a predetermined relation between said sum and difference signals, 

1 54. The system of claim 52 wherein said stereo image enhancement circuit 
means includes sum and difference circuit means resp<Misive to said left and 
right stereo ii^ut signals respectively for generating sum and difference 
signals respectively representative of the sum and difference of said left and 

5 right stereo input signals, means for processing said sum and difference 
signals to provide processed sum and difference signals which form said 
processed stereo signals, said control means comprising means for modifying 
one of said processed sum and difference signals in a sense to decrease 
variation of a selected relation between said one of said processed sum and 

10 difference s^nals, and one of said sum and difference s%nals. 

1 55. The system of claim 52 wherein said stereo image enhancement circuit 
means comprises circuit means resqoonsive to said left and right stereo input 
signals for generating sum and difference signals re^ectively representing 
the sum and difference of said stereo input s^als^ difference signal 

5 equalizer means responsive to said difference signal for selectively altering 
components in different frequency bands of said difference signal to provide 
a processed difference signal, and sum equalizer means re^onsive to said 
. sum signal for selectively altering components of said sum signal in different 
frequency bands to provide a processed sum signal, said processed sum and 

10 difference s^pials forming said processed stereo signals. 

1 56. The Extern of claim 54 wherein said means for modifying one of said 
processed sum and difference signals comprises means for maintainii^ a 
substantially constant ratio between said sum signal and said processed 
difference signal. 

^ 57. The system of claim 56 wherein said first control means includes means 
for clamping saM control signal to a predetermined magnitude in response to 
a sensed amount of stereo in said ii^>ut s^nals below a predetermined 
amount. 
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1 58. The system of claim 53 including means for feeding to said second 
control means a signal representii^ said one processed stereo signal as 
modified by said first control means. 

1 59. "nie ^rstem of claim 52 including means for transducing said left and 
right output signals into left and r^ht sound signals. 

1 60. The ^stem of claim 52 including the step of recording said left and 
right output s^nals. 

1 61. A method for enhancii^ left and right stereo input signals provided 
from a source of stereo sound, said method comprising the steps of 

processing the left and ri^ht input signals to provide processed stereo 
signals, 

5 sensing the amount of stereo in said input signals and generating a 

dynamic control signal representing such amount of stereo, 

employing said dynamic control signal to modify one of said 
processed stereo s^nals in accordance with the amount of stereo in said 
input signal to provide a modified processed signal, and 

10 combining one of said processed stereo signals and said modified 

processed stereo signal to provide left and right output signals. 

l 62. The method of claim 61 including the step of transducii^ said left and 
right output signals into left and rfeht sound signals. 

1 63. The method of claim 61 includii^ the step of recording said left and 
right output signals. 

1 64. The method of claim 61 wherein said step of sensing comprises the 
stqps of providing sum and difference s^nals respectively r^resenting the 
sum of said left and right input signals and the difference of said left and 
right input signals, and wherein said step of generating a dynamic control 

5 signal comprises generating said dynamic control signal as a function of a 
predetermined relation between said sum and difference s%nals. 
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1 65. The method of claim 61 including the step of generating sum and 
difference signals respectively representing the sum and difference of said 
left and right stereo input signals, processing said sum and difference signals 
to provide process sum and difference signals which form said processed 

5 stereo s^nals, said step of employing said (dynamic control signal comprising 
modifying one of said processed jum and difference signals In a sense to 
decrease variation of a predetermined relation between said one of said 
processed sum and difference signals and that one of said sum and difference 
signals which provides the other of said processed sum and difference signals. 

1 6$, The method of claim 61 wherein said step of processing the left and 
r^ht input signals comprises generating sum. and difference signals respec- 
tively representing the sum and difference of said left and right input signals, 
selectively altering components in different frequency bands of said dif- 

5 ference signal to provide a processed difference signal, and selectively 
altering components of said sum signal in said different frequency bands to 
provide a processed sum signal, said processed difference signal and pro- 
cessed sum signals forming said processed stereo signals. 

1 87. The method of claim 61 wherein said step of processing the left and 
right input s^als comprises generating sum and difference signals as the 
sum and difference re^ectively of said left and right input signals, selec- 
■ tively attenuating said sum signal within predetermfaied frequency bands and 

5 combining said attenuated sum signal and said difference signal to provide 
said left and right output signals. 

1 68. The method of claim 61 wherein said step of processing the left and 
right input signals comprises generating sum and difference signals as the 
sum and difference respectively of said left and right input signals, selec- 
tively boosting said difference signal within predetermined frequency bands 

5 and combinii^ said sum and said boosted difference signal to provide said left 
and right output signals. 

I 69. The method of claim 61 wherein said step of processing the left and 
right input signals comprises generating sum and difference signals respec- 
tively representative of the sum and difference of said left and r^ht stereo 
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input signals, and processii^ said sum and difference signals to i»:ovide 
processed sum and difference signals which form said processed stereo signals 
and wherein said step of employing said dynamic control signal comprises 
modifyit^ one of said processed sum and difference s^nals in a sense to 
maintain a constant ratio between said processed difference signal and said 
sum signal. 

70. Apparatus for making a stereo enhanced sound recording from left and 
right stereo source signals comprising 

a. means for electronically adding said left and r^ht signals to 
generate sum ami difference signals; 

b. means for creatii^ a processed sum signal by selectively altering 
the relative amplitudes of components of said sum signal within 
respective predetermined frequency bands so as to enhance those 
of said sum signal components which are within frequency bands 
of highest difference signal component amplitudes relative to 
those of said sum signal components which are within frequency 
bands of lowest difference signal component amplitudes; 

c. means for creating a processed difference signal by selectively 
alterii^ the relative amplitudes of components of said difference 
signal within said predetermined ffequency bands so as to de- 
emphasize those of said difference signal components which are 
within frequency bands wherein said difference signal components 
are highest relative to those of said difference signal components 
which are within frequency bands wherein said difference signal 
components are the lowest; 

d. means for combining said left and r^ht signals with said pro- 
cessed difference signal, and with said processed sum signal to 
provide stereo enhanced left and right output signals; 

e. a sound recording device connected to receive said stereo en- 
hanced left and r^ht output signals; and 

f. means for operatii^ said sound recording device to make a sound 



71. Hie aj^aratus of claim 70 wherein said means for creating processed 
sum and difference signals comprises means for electronically analyzing the 
frequency spectrum of said difference signal and for generating a set of 
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control signals as a function of the amplitudes of said difference signal within 
5 said respective predetermined frequency bands, and means for utilizing said 
control signals to control the extent to which the amplitudes of components 
of said sum and difference signals are altered within said respective 
frequency bands. 

1 72. The apparatus of claim 70 including means for continually and auto- 
matically amplifying one of said processed sum and difference signals as a 
function of its magnitude relative to that of one of said sum and difference 
signals so as to maintain a substantially consistent stereo sq>aration between 

5 said left and right signals for differing amounts of stereo information within 
said left and right stereo source signals. 

1 73. The apparatus of claim 72 wherein said means for continually and auto- 
matically amplifying one of said processed sum and difference s^nals 
includes means for maintaining a constant ratio between said processed 
difference signal and said sum signaL 

1 74. The apparatus of claim 70 includii^ means for selectively boosting 
components of said sum signal, and means for selectively attenuating 
components of said difference signal within selected ones of said pre- 
. determined frequency bands in order to prevent inai^ropriate boosting of 

5 artificial reverberation information in said difference signaL 

1 75. The apparatus of claim 72 wherein said means toe continually and 
automatically amplifying includes means for averaging the sum of (a) the 
inverted pealc envelope of said sum signal, and (b) the nonrinverted pealc 
envelope of said difference signal so as to generate a reverberation control 

5 signal, and means for boosting and attenuating components of said sum and 
difference signals, req>ectively, as a function of said reverberation control 
signal. 

1 76. The apparatus of claim 70 wherein said means for combining left and 
right signals with said processed difference signal and with said processed 
sum signal combines said signals in accordance with the equations: 
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where 

■'^out ~ enhanced left output signal, 

^out ~ enhanced right output s^nal, 



Ljj^ = left signal, 

Sjjj = right signal, 

Kj^ = first independent variable, and 

E2 = second ind^endmt variable. 

77. Apparatus for making a stereo sound recording from left and right 
stereo source signals comprising; 

a. means for electronically combining s£dd left and right signals so 
as to generate sum and difference signals; 

b. means for creating a processed sum signal by selectively altering 
the relative amplitudes of components of said sum signal so as to 
boost selected sum signal components relative to other sum signal 
components; 

c. means for creating a processed difference signal by selectively 
altering the relative amplitudes of components of said difference 
signal so as to boost selected difference signal components 
relative to other difference signal components; 

d. means for combining said left and rifeht signals with said pro- 
cessed difference s^nal, and with said processed sum signal to 
provide stereo enhanced left and right output signals; and 

e. a sound recording device connected to receive said left and right 
output s^nals; and 

f. means for operating said sound recording device to make a sound 
recording. 



1 78. Apparatus for making a stereo sound recording, corrected for per- 
spective, from left and right stereo source signals comprising 
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means for electronically adding left and right s^nals to provide 
sum and difference signals, 
5 means for equalizing said sura s^nal within predetermined fre- 

quency bands to provide a processed sum signal, said means for 
equalizing comprising the step of selectively attenuating said sum 
signal within said predetermined frequency bands, and 
means for combining said selectively attenuated sum signal with said 
10 difference signal to provide left and right perspective corrected output 
signals, 

recording means for making a stereo sound recording connected to 
receive said left and right perspective corrected output signals, and 

means for operating said recording means to make a stereo sound 
15 recording. 

1 79. Apparatus for making a stereo sound recording, corrected for per- 
spective, left and right stereo source signals comprising 

means for electronically adding left and right signals to provide sum 
and difference signals, 
5 means for equalizing said difference signal within predetermined. 

frequency bands to provide a processed difference s^al, said means 
for equalizing comprising means for selectively boosting said difference 
signal within said predetermined frequency bands, 
combining said selectively boosted difference s^nal with said sum 
10 signal to provide left and right perspective corrected output signals, 

recording means for making a stereo sound recording connected to 
receive said left andr^ht perq>eetive corrected ou^ut signals, and 
means for operating said recording means to make a stereo sound 
recording. 

1 80. A method of making a stereo eidianced sound recording from left and 
right stereo source signals comprisii^ the steps of 

a. electronically combining said left and right signals to generate 
sum and difference signals, 
5 b. creating a processed sum signal by selectively altering the rela- 

tive amplitudes of components of said sum signal within respec- 
tive Effedetermined frequency bands so as to enhance those of said 
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sum signal components which are within frequency bands of 
highest difference s^nal comp(Hient amplitudes relative to those 
of said sum signal components which are within frequency bands 
of lowest difference signal component amplitudes; 
creating a processed difference signal by selectively alterii^ the 
relative amplitudes of components of said difference signal within 
said predetermined frequency bands so as to deemphasize those of 
said difference signal components which are within frequency 
bands wherein said difference signal components are highest 
relative to those of said difference signal components which are 
within frequency bands wherein said difference signal components 
are the lowest; 

combining said left and right signals with said processed dif- 
ference s^nal, and with said processed sum signal to provide 
stereo enhanced left and right ou^ut signals; 
feeding said stereo enhanced left and rfeht ou^ut s^als to a 
sound recording device; and 

operating said sound recordii^ device to make a sound recording. 



1 81. The method of claim 80 wherein said steps of creatii^ processed sum 
and difference signals are augmented by the st^ of electrcaiically analyzii^ 
the frequency spectrum of said difference signal and generating a set of 
control signals as a function of the amplitudes of said difference signal within 

5 said respective predetermined frequency bands, and utilizing said control 
signals to determine the extent to which the amplitudes of components of 
said sum and difference s^nals are altered within said respective frequency 
bands. 



1 82. The mettod of claim 80 additionally including the adifitional step of 
continually and automatically amplifyii^ said processed difference signal as a 
function of its magnitude relative to that of said sum signal so as to maintain 
a substantially consistent stereo s^aration between said left and r^ht 

5 signals for differing amounts of stereo infwmation within said left and right 
stereo source signals. 
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1 83. The method of claim 82 wherein said step of continually and auto- 
matically amplifying said processed difference signal is performed so as to 
maintain a constant ratio between said fa^eessed difference signal and said 
sum signaL 

^ 84. The method of claim 80 includii^ the additional step of seleetiveJty 
boosting components of said sum signal and selectively attenuating com- 
ponents of said difference signal within selected ones of said predetermined 
frequency bands in order to prevent inappropifiate boosting of artificial 

5 reverberation information in said difference signal. 

1 85. The method of claim 82 wherein said step of continually and auto- 
matically amplifying is accomplished by averaging the sum of (a) the inverted 
peak envelope of said sum signal, and (b) the non-inverted peak envelope of 
said difference signal so as to generate a reverberation control signal, and 

5 boostii^ and attenuating components of said sum and difference s^nals, 
respectively, as a function of said reverberation control signal. 

1 86. The method of claim 80 wherein the step of combining said left and 
right signals with said processed difference signal and with said processed 
sum signal is in accordance with the equations: 

^ ^out = hn'-%<^'-^^p'-Vl-R>p,«"'3 

\ut = I^in*Ki(L+R)p + K2(L-R)p^ 

where 

L^yj = stereo enhanced left output signal, 
10 R^^^ = stereo enhanced right output signal, 
(L+R)p = processed sum signal, 
(L-R)p = processed difference s^al, 

^in " signal* 
R.jj = right signal, 
15 Kj^ = first independent variable, and 
= second independent variable. 
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1 87. A method of making a stereo sound recording from left and right stereo 
source signals comprising the steps of: 

a. electronically combinii^ said left and right s^nals so as to 
generate sum and difference signals, 
5 b. creating a processed sura signal by selectively altering the rela- 

tive amplitudes of components of said sum signal so as to boost 
selected sum s^nal components relative to other sum s^nal 
components; 

c. ereatii^ a processed difference signal by selectively altering the 
10 relative amplitudes of components of said difference signal so as 

to boost selected difference signal components relative to other 
difference signal components; 

d. combining said left and right signals with said processed dif- 
ference signal and with said processed sum signal to provide 

15 stereo enhanced left and right output signals; and 

e. feeding said stereo enhanced left £md right output signals to a 
sound recording device; and 

f . operating said sound recording device to make a sound recording. 

1 88. Hie method of claim 87 wherein said step of creating a processed sum 
signal includes the steps of: 

filtering said sum signal so as to attenuate components outside a 
predetermined frequency range which statistically includes difference 
5 signal components and amplifying the filtered sum signal. 

1 89. The method of claim 87 wherein said step of creating a processed 
difference signal includes the steps of: 

selectively attenuating difference signal components so as to 
attenuate frequencies that statistically include louder components more 
5 than frequMicies that statistically include quieter components, and 

amplifying the selectively attenuated difference signal components so 
as to boost selected difference signal components relative to other 
difference signal components. 



1 90. A method of making stereo sound recording, corrected for perspective, 
from left and right stereo source signals comprisii^ the steps of 
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is 

eleetronically combining left and right stereo source signals to 
provide sum and difference signals, 

equalizing said sum signal within predetermined frequency bands 
to provide a processed sum signal, said equalizing comprising the step 
of selectively attenuating said sum signal within said predetermined 
frequency bands, 

combining said selectively attenuated sum signal with said dif- 
ference signal to provide left and right perspective corrected output 
signals, 

feeding said left and right perspective corrected output signals to 
an apparatus for making a stereo sound recording, and 
operating said apparatus to make a stereo sound recording. 

91. A method of making stereo sound recording, corrected for perspective, 
from left and right stereo source signals comprising the steps of 

electronically combining left and right signals to [arovide sum and 
difference signals, 

equalizing said difference signal within predetermined frequency bands 
to provide a processed difference signal, said step of equalizing comprising 
the step of selectively boosting said difference signal within said pre- 
determined frequency bands, 

combining said selectively boosted difference signal with said sum 
signal to provide left and right perspective corrected output s%nais, 

feeding said left and r^ht perspective corrected output signals to an 
apparatus for making a stereo sound recording, and 

operating said apparatus to make a stereo sound recording. 

92. A stereo enhanced sound recording made by the method of any one of 
claims 49 and 80 through 91, inclusive. 

93. An enhanced image stereo sound recording for use in a sound recording 
plaj^ack system, said sound recording comprising 

a record medium embodying signal producing means adapted to 
operate with a sound recording responsive device to produce left and 
right stereo output signals that are modifications of left and right 
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stereo source signals, said stereo ou^ut signals each comprising a 
combination of signal components including 

(1) a processed difference signal which comprises a modification of 
an input difference signal representing tiie difference of said left 
and right stereo source signals, 

(2) a processed sum signal which comprises a modification of an input 
sum signal representii^ the sum of said left and right stereo 
source s^nals, 

(3) one of said processed sum and difference signals and one of said 
input sum and difference signals having a predetermined relation 
that is substantially constant. 

94. The sound recording of claim 93 wherein said processed difference 
signal includes components of said input difference signal boosted in quieter 
frequency bands where input difference signal amplitudes are relatively 
lower, relative to components in louder frequency bands wherein input 
difference s^nal amplitudes are relatively higher, and wherein said processed 
sum signal includes components of Said input sum signal that are boosted in 
said louder frequency bands relative to input sum signal components in said 
quieter frequency bands. 

95. A stereo sound recording adapted to generate signal responses in a 
stereo player that is used in conjunction with a pair of speakers, said sound 
recording comprisii^ 

a record medium having signal producing means adapted to act on 
a sound reoordii^ respwisive device of a stereo player to cause such 
sound recording resp<»)sive device to produce left and right stereo 
oulput signals that are modifications of left and right stereo source 
signals, 

said left stereo output signal being composed of a combination of 
the following left components: 

(1) a left stereo source signal component, 

(2) a processed difference s^^nal component that comprises a 
modification of an input difference signal representing the 
difference between left and right stereo source signals, 
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(3) a processed sum signal component that comprises a modifi- 
cation of an input sum signal representing the sum of left 
and right stereo source signals, 



said right stereo output signed being composed of the following 



right components: 



20 



(1) a right stereo source signal component, 



(2) a processed difference signal compcHient that comprises a 
modification of an input differmce signal representing the 
difference between said left and right stereo source signals. 



25 



(3) a processed sum signal component that comprises a modifi- 
cation of an input sum signal representing the sum of left 
and right stereo source signals. 



1 96. The sound recording of claim 95 wherein said left stereo output signal is 
composed of the sum of said left components and wherein said right stereo 
ou^ut signal is composed of the difference between (a) the sum of said first 
and last mentioned right components and (b) said second mentioned right 

5 component. 

1 97. A stereo sound recording for use with a stereo player that is used in 
conjunction with a pair of leakers to cause the speakers to produce 
enhanced stereo sound, said sound recording comprising 

a record medium havii^ signal producing means adapted to act on 
5 a sound recording responsive device of a stereo player to caiise said 

sound recording responsive device to produce left and right stereo 
signal outputs that are modifications of left and right stereo source 
signals, 

(a) said left signal stereo output havii^ 
10 1. a left stereo source agnal component. 



2. 



a processed difference signal component that com- 
prises an ii^ut difference signal r^resentli^ the dif- 
ference between left and right stereo source signals 
modified to boost iaput difference signal components 
in quieter frequency bands wherein input difference 
signal amplitudes are relatively low, relative to ii^t 
difference signal components in louder frequaicy 



15 
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bands wherein input difference signal amplitudes are 
relatively high, and 
3. a processed sum signal component that comprises an 
input sum signal representing the sum of left and right 
stereo source signals modified to boost input sum 
signal components in said louder frequency bands rela- 
tive to input sum signal components in said quieter 
frequency beunds, 
(b) said right stereo signal output havii^ 

1. a right stereo source signal component, 

2. a processed difference signal component that com- 
prises an input difference s^al representing the dif- 
ference between left and right stereo source signals 
modified to boost input difference signal components 
in quieter frequency bands wherein input difference 
signal amplitudes are relatively low, relative to input 
difference signal components in louder frequency 
bands wherein input difference s%nal amplitudes are 
relatively high, and 

3. a processed sum signal component that comprises an 
input sum signal representing the sum of left and right 
stereo source signals modified to boost input sum 
signal components in said louder frequency bands rela- 
tive to input sum signal components in said quieter 
frequency bands. 



1 98. The stereo sound recordii^ of claim 97 wherein the ratio of amplitudes 
of one of said input sum and difference signals to one of said processed sum 
and difference signal components is substantially constant. 



1 99. The sound recording of claim 97 wherein one of said processed sum and 
difference s^al components has an amplitude that varies in accordance with 
one of said input sum and difference signals to continually adjust the amotint 
of processii^ of said one procesed signal automatically according to the 

5 amount of stereo information present in said stereo source signals. 
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1 100. The stereo recording of claim 97 wherein said processed difference 
signal component has a value that varies with variation of the ratio between 
said input sum signal and said processed difference signal component. 

1 101. The stereo sound recording of claim 97 wherein said input sum signal 
and said input difference signal have components thereof in sislected fre- 
quency bands altered to compensate for effects of artificial reverberation. 

1 102. The stereo sound recording of claim 97 wherein said input sum signal 
and said input difference signal have amplitudes of components thereof 
within predetermined reverberation frequency bands boosted and attenuated 
as a function of the average of the sum of 

5 (a) the inverted peak envelope of the sum signal, and 

(b) the noninverted peak envelope of the difference signal. 

1 103. The stereo sound recording of claim 97 wherein said input difference 
signal is further modified to additionally boost input difference signal 
components between IKHz and 4EHz. 

1 104. The stereo sound recording of claim 97 wherein said left stereo signal 
output comprises the sum of said left stereo source signal component, said 
processed difference signal component and said processed sum signal com- 
ponent, and wherein said rfeht stereo ou^ut signal comprises the difference 

5 between (a) said processed difference component signal and (b) the sum of 
said right stereo source component with said processed sum s^nal com- 
ponent. 

1 105. A stereo sound recording adapted to generate signal re^onses in a 
stereo player that is used in conjunction with a pair of ^eakers to cause the 
speakers to produce enhanced stereo sound, said sound rec(»ding comprising 
a record medium having signal producing means adapted to act on 
5 a sound recording re^onsive device of a stereo player to cause the 

sound recording re^nsive device to produce left and right stereo 
output signals that are modifications of left and right stereo source 
signals and that are composed of a combination of the following 
components: 
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(a) a perspective sum signal component representii^ the sum of left 
and right stereo source si^uds, and 

(b) a perspective difference signal component representing the dif- 
ference between left and right stereo source signals, 

said perspective sum signal component havii^ components thereof 
■'•^ in frequency bands centered on a plurality of mutually displaced 

increasing frequencies which components are attenuated in progres- 
sively greater amotmts for such increasing frequencies. 

1 106. The stereo sound recording of claim 105 wherein said frequency bands 
are centred at about 500 Hz, 1 KHz and 8 KHz. 

1 107. A stereo sound recording adapted to generate signal responses in a 
stereo player that is used in conjunction with a pair of speakers to cause the 
speakers to produce enhanced stereo sound, said sound recording comprising 
a record medium having signal producii^ means adapted to act on 
3 a soimd recording responsive device of a stereo player to cause the 

sound recording re^cxHisive device to produce left and right stereo 
output s^nals that are modifications of left and right stereo source 
signals and that are composed of a combination of the following 
components: 

10 (a) a perspective sum signal component representing the sum of left 

and right stereo source signals, and 
(b) a perspective difference signal component representing the dif- 
ference between left and right stereo source signals, 
said perspective difference signal component having components 
15 thereof in frequency bands centered on a plurality of mutually di^laced 

increasing frequencies which con^onents are boosted in prc^essively 
greater amounts for such increasing frequencies. 

1 108. The stereo sound recordii^ of claim 106 wherein said frequency bands 
are entered at about 500 Hz, 1 KHz and 8 KSz. 

1 109. An enhanced image stereo sound recwding for use in a sound recording 
playback system, said recording comprisii^ 
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a record medium having signal producing means adapted to 
cooperate with a sound recording reponsive device to produce left and 
5 right stereo output signals that are modifications of left and right 

stereo source signals, 

said stereo output sigpials each comprising a combination of signal 
components including; 

1. a processed difference signal which comprises a modiH- 
10 cation of an input difference signal r^resenting the difference of 

said left and right stereo source sign^tals and havit^ the relative 
amplitude of components of such input difference signal modified 
to boost components of such input difference signal that are 
within frequency bands wherein the input difference signal has 
15 lowest amplitude relative to those components of such Input 

difference signal that are within frequency bands wherein the 
input difference signal components have highest amplitude, and 

2. a processed sum signal which comprises a modification of axi 
input sum signal representing the sum of said left and right input 

20 signals and having the relative amplitudes of components of such 

input sum signal modified to boost components of said input sum 
signal in frequency bands of higher amplitude components of the 
input difference signal relative to components of said input sum 
signal in frequency bands of lower amplitude components of the 

25 input difference signal. 

1 110. The enhanced image stereo sound rec<»rding of claim 109 wherein the 
ratio of one of said sum and difference s^nals and one of said processed sum 
and difference s%nals is sitostantially constant. 

1 111. The enhanced image stereo sound recording of claim 109 wherein a 
predetermined substantially constant relation exists between one of said 
processed sum and difference signals and one of said input sum and difference 
signals. 
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1 112. The stereo image enhancement system of claim 1 includii^ means for 
generating a reverberation control signal indicative of the amount of 
reverberation in said left and right signals, and means responsive to said 
reverijeration control signal for controlling the amount of reverberation in 

^ said output signals. 

^ 113. The stereo image enhancement system of claim 112 wherein said last 
mentioned means comprises means responsive to the reverberation control 
s^nal for boostuig the processed sum signal in accordance with reverberation 
in said left and right signals and for attenuating said processed difference 

5 signal in accordance with reverberation in said left and right signals. 

1 114. The stereo image enhancement system of claim 112 wherein said last 
mentioned means comprises means for attenuating said processed difference 
signal in accordance with the amount of reverberation in said left and right 
signals. 

1 115. The stereo image enhancement ^stem of claim 112 wherein said last 
mentioned mcEms comprises means responsive to said reverberation control 
signal for boosting said processed sum signal in accordance with the amount 
of reverberation in said left and right signals. 

1 116. The stereo image enhancement system of claim 115 wherein said means 
for boosting comprises a gain controlled amplifier having said processed sum 
signal as an input thereto and having a gain control input receiving said 
reverberation control signaL 

1 117. The stereo image enhancement ^stem of any one of claims 112, 113, 
and 116 includii^ manual means for controlling amplitude of said rever- 
beration control signaL 

1 118. The stereo image enhancement system of claim 52 including means for 
generating a reverberation control signal indicative of the amount of 
reverberation in said left and right stereo signals, and means responsive to 
said reverberation control signal for controllii^ the amount of reverberation 

5 in said output signals. 
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119. The system of any caie of claims 54, 55 and 56 including means for 
generating a reverberation control signal indicative of the amount of 
reverberation in said left and right stereo signals, and means responsive to 
said reverberation control signal for boosting said processed sum signal and 
attenuating said processed difference signal in accordance with the amount 
of reverberation in said left and right stereo s^als. 

120. The method of claim 61 or 66 wherein said left and right output signals 
provide enhanced stereo output including enhanced reverberation components 
and including the steps of sensing the amount of reverberation in said left and 
right stereo input signals and generating a reverberation control signal 
indicative of sensed reverberation, and employing the reverberation control 
signal to modify the processed stereo signals so as to decrease the amount of 
enhanced reverberation in said left and right output signals. 

121. The apparatus of claim 70 including means for generating a rever- 
beration control signal indicative of the amount of reverberation In said left 
and right stereo source signals, and means responsive to said reverberation 
control signal for controlling the amount of reverberation in said stereo 
enhanced left ahd r^ht output signals. 

122. The method of claim 80 including the step of generatii^ a reverberation 
control signal indicative of the amount of reverberation in said left and right 
stereo source signals, and employing said reverberation control signal to 
modify said processed sum and processed difference s^nals to control the 
amount of reverberation in said stereo enhanced left and right output signals. 

123. The method of claim 84 wherein said step of selectively boosting 
components of said sum signal comprises the steps of generating a rever- 
beration control signal indicative of the amount of reverberation in said left 
and right stereo source s^als and amplifying said sum signal in accordance 
with said reverberation control signaL 

124. The method of claim 123 induct the step of manually varying the 
magnitude of said reverberation cmtrol signal to ther^y provide both 
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automatic and manual control of the amount of reverberation in said stereo 
enhanced left and right output s^nals. 

125. A system for enhancing left and right input signals provided from a 
source of stereo sound comprising 

stereo image enhancement circuit means for processing the left and 
right input signals to provide left and right enhanced stereo signals, 

reverberation sensing means responsive to the left and right input 
signals for generating a reverberation control signal indicative of the amount 
of reverberation in said left and right input signals, and 

means responsive to said reverberation control signal for decreasing the 
amount of enhancement in said left and right enhanced stereo output signals 
in accordance with the amount of reverberation in said left and right stereo 
input signals. 

126. The system of claim 125 wherein said stereo image enhancement circuit 
means comprises circuit means responsive to said left and right input signals 
for generating sum and difference sfenals respectively representing the sum 
and difference of said input signals, difference equalizer means responsive to 
said difference signal for selectively altering components in different fre- 
quency bands of said difference signal to provide said enhanced difference 
signal, and sum equaUzer means responsive to said sum signal for selectively 
altering components of said sum signal in different frequency bands to 
provide said enhanced sum signal, and wherein said means responsive to said 
I reverberation control signal comprises means for attenuating said enhanced 
difference signal in accordance with said reverberation control signal and 
means for boosting said enhansed sum signal in. accordance with said 
reverberation control signal. 

127. A stereo enhanced sound recording made by the method of any one of 
claims 120, 122, 123 and 124. 

128. The stereo sound recording of claim 97 wherein said processed dif- 
ference signal component of both said left and right stereo signal outputs 
includes a band of frequencies having an amplitude that is attenuated in 
accordance with the amount of reverberation in the left and right stereo 
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75 

S source signals, and wherein the processed sum signal components of both said 
left and right stereo signal outputs is boosted in accordance with the amount 
of reverberation in sedd left and right stereo source signals. 
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